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Some Problems Concerning Noise in 


Wide-Band Carrier Systems 


BY 


STIG JANSON?” & VIKING STENDING”? 


UDE-621:395:,82 

621.395.44 

This article is primarily intended to give information on the various types 
of noise which arise in modern wide-band systems for telephony. General for- 
mul2& for second and third order intermodulation noise and certain optimum 
conditions for noise are derived. Finally, a practical example is worked out. 


This article corresponds to »Några problem behandlande störningar i 
bredbandssystem» by S Janson & V Stending, printed in Tele No. 3/1959. 


& The Swedish Board of Telecommunications, Stockholm 
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Introduction 


The types of transmission systems which today are available for long distance trans- 
mission of large numbers of telephone circuits are those for coaxial cables and radio links. 
They have many factors in common, viz. the terminal equipment is the same, and the number 
of circuits per system is of the same order of magnitude. The number of circuits is increased 
in both cases in step with development in technique. Radio links have for several years 
been able to transmit 600 telephone circuits per system, and are now being designed for 
960 circuits. The capacity of the coaxial cable systems is now being increased from 960 to 
2,700 circuits per system. In both types of system, the problem of crosstalk between dif- 
ferent systems on the same route can be overcome nowadays using relatively simple means. 
The main problem in both cases is the interference which arises within systems at the many 
points of amplification. Interference occurs there just as inevitably as friction in a machine 
and it is a difficult technical problem to design equipment in such a way that high trans- 
mission quality is obtained. The types of interference which occur most often are ""babble” 
and noise—thermal noise and intermodulation noise. 


In the following article, emphasis has been placed on the coaxial systems, as the authors 
are most acquainted with these. 


EHA PTLER—A 


CCITT Recommendations 


The original recommendations on noise are very old and go back to the open-wire line 
era where interference due to power lines etc. was the dominating factor. The peculiarity 
is that practically the same recommendations are still in use today and the requirements have 
not been increased but reduced instead. Thus for open-wire lines the earlier recommendation 
for the psophometric e.m.f. was that this should not exceed 5 mV. For cable routes this 
maximum value was recalculated to be 2 mV in a point of relative level —0.8 N (—7 db). 
This value, however, is not, as was the case previously, the maximum value but the mean 
value in the busy hour. This shall be maintained for each international circuit. 


CCITT have proposed some hypothetical reference circuits to act as guides for designers. 
Hypothetical reference circuits for 2.6 and 4 Mc/s and also for the 12 Mce/s coaxial systems 
are shown in fig. I. These reference circuits are 2,500 km (1,550 miles) long and are divided 
into three uniform sections connected together at voice frequency. Each of these sections is 


again divided up into 3 equally long homogeneous sections (each section is thus 3 aAv280 


km (or 170 miles). The connexion of these sections together is on basic supergroup and basic 
group basis for 2.6 Mc/s and 4 Mc/s coaxial systems and on a basic mastergroup and basic 


supergroup basis for the 12 Mc/s coaxial system. 


| 2500 km 


CCITT hypothetical reference circuit for 2.6 and 4 Mcj/s carrier systems 


= 2500Kkm == 
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CCITT hypothetical reference circuit for a 12 Mc|s carrier system Xx 11141 


Fig. 1. CCITT hypothetical reference circuits for coaxial systems. 
o Channel translating equipment 
[| Group translating equipment 
f Supergroup translating equipment 
| Mastergroup translating equipment 


It has also been stated that of the 10,000 pW2? total noise permitted for a hypothetical 
reference circuit (at a zero relative level point), the noise contributions from all the terminal 
equipment should not exceed 2,500 pW and those from the h.f. line should not exceed 7,500 
pW (corresponding to 3 pW/km). 


The following recommendations have been made for summation of the noise contributions 
due to the different parts: 
1. At the end of each homogeneous section, the channels, groups and supergroups will 
be connected through at random. 


2. Within each homogeneous section, the telephone channels will occupy the same position 
in relation to each other. If, within these sections, certain intermodulation products 
(those of odd order) tend to add according to a law of linear addition of voltages, it 
may be considered that a power addition law only applies between the sections in respect 
of noise. 


These values, however, can give relativeiy poor quality. In Sweden alone it is possible 
to have very long circuits, and with international calls between, for example, Kiruna and 
Southern Europe, lines of 5,000 km length can occur. Better values than the above mentioned 
3 pW/km are therefore being aimed at by several administrations. In addition, it should also 
be remembered that if new plant can only just maintain the requirement of 3 pW/km, there 
is a very great risk that this value is later exceeded due to ageing of tubes and other compo- 
nents, etc: 


+ Corresponds to 2.2 mV psophometric e.m.f. at a point of relative level — 0.8 N (—7 db). The 


PES value of 2 mV corresponds to approx. 8,000 pW or a noise level equal to — 5.9 N 
(— 53 db). 
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Thermal Noise 


Thermal noise occurs mainly only on the input side of amplifiers where the level is lowest. 
This is caused by resistance noise and tube noise. Resistance noise is caused by the internal 
energy of the free electrons. It is evenly distributed over the frequency band (white noise) 
and the corresponding mean value of voltage across a terminated four-terminal network of 
real image impedance R is 


E= V2kTRAf 


where & is BOLTZMANN'S constant 1.38 x 10-23 Ws/degree KELVIN, T is the absolute tempera- 
ture, which is about 300” KELVIN and Åfis the bandwidth in c/s. 
The corresponding mean power is 


E? 
— = 2kTA 
R fi 


The disturbance value of noise in a telephone channel is less than this power due to the 
noise at low and high frequencies not being so disturbing as at frequencies in the middle of the 
speech band. With a frequency band of 300—3,400 c/s the power given by the above 
formula is thus reduced to a half by the psophometric weighting. For a telephone channel 
with 4 ke/s bandwidth, the resistance noise level may be calculated using the above to be 
—15.9 nepers below zero level. According to the previous chapter the total permissible inter- 
ference level in a channel is 2 mV or — 35.9 N. From the above it is seen that the resistance 
noise alone gives maximum permissible noise if the level at one point only is allowed to go 
to the value — 10.0 N. Ås the noise from different sources of interference add, the input 
level of the amplifiers in a long transmission line must clearly have a safe margin from this 


value. 
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+1 = —— [ 

10) =. - + — FA = ög ne 
- 1 LI 3 HSE Ja 

s oc SÅ W 
=2 T T I a 
-å = Sör rd TT t + 
AS S V 
= I SS EE SE SN ) 
- 5 AS | SE AT + = || 
6 7 EN NT ie IR | 
-7 4 ue I (Cl LL 
-8 
50 100 200 500 1000 2000 5000 c|s 


SS bhbl 
Fig. 2. Psophometer characteristic (Florence 1951). 


Tube noise is of about the same magnitude as the resistance noise alone. The easiest method 
of calculating tube noise is to use the value normally given for the equivalent noise resistor 
for the input tube. 

When coupled immediately before the input this fictitious resistor shall give the same 
thermal noise according to the formula given above as that given by the tube. The tubes used 
in the coaxial system amplifiers normally have a noise resistance of several hundred ohms. 
The input impedance of a coaxial system amplifier is 75 ohms. This value, however, is 
transformed by the input transformer up to a value of 700 to 800 ohms which gives a noise 
resistance of 350 to 400 ohms. The tube noise, therefore, gives a not unappreciable contri- 


bution to the total thermal noise. 


GILA PI EFRAS 


Intermodulation Noise 
General 


Intermodulation noise varies appreciably with loading, as will be shown later. It is there- 
fore greatest in the busy hour. The main cause of this type of interference is that the charac- 
teristics of the amplifier tubes are not absolutely linear. Within the working region i.e. for 
small amplitudes, an appreciable improvement in the linearity of an amplifier can be obtained 
by using feedback, but to have so much feedback on the amplifiers that almost ideal con- 
ditions in this respect are obtained—even if it were technically possible—would be too 
expensive. 

Consider the case when the amplifiers are overloaded. As long as an amplifier works 
within its linear range, it is mainly the second and third order intermodulation products 
which determine the level of the intermodulation noise. Their power increases within this 
range by the square and the cube of the fundamental power. If, however, the power of the 
fundamental exceeds a certain value, the power of the intermodulation products increases 
very much more quickly; the amplifier is overloaded. In such cases intermodulation products 
of higher order will also be important when considering interference. The limit of over- 
loading is determined in general by the tube in the output stage of the amplifier. 

The latter type of interference, however, very seldom occurs in correctly designed amplifiers 
if the tube maintenance is satisfactory. 

Both types of the interference above can of course be reduced by lowering the output 
level of the amplifiers. This is relatively expensive as a reduction in the output level must 
either mean a reduction in length of the repeater section or an increase in the dimensions of 
the cable (reduced attenuation per unit length) as the thermal noise would otherwise exceed 
acceptable values. 

Besides electron tubes, transformers must also be mentioned as components which cause 
distortion. It has also occurred that capacitors have given rise to distortion of such magnitude 
that it has been disturbing. Normally, however, the distortion from the two last-mentioned 
components is negligible. 


Distortion and Intermodulation 


When an amplifier, even if it has negative feedback, does not have completely linear 
characteristics, the output voltage is not a linear function of the input voltage. With a pure 
sinusoidal voltage at the input, harmonics of this are also obtained at the output. If there are 
voltages of different frequencies at the input, combinations of the various frequencies, 


intermodulation products! as well as the fundamentals and harmonics are obtained at the 
output. 


The relation between the input and output voltages (fig. 3) can be most suitably expressed 
as a power series 


Ua == Aly rn dal ae dgll fle 


where uy refers to the output voltage at the final tube. It is assumed that the input voltage u, 
consists of a number of sinusoidal voltages of various frequencies f4, fB, fe etc. and having 
amplitudes of U4, Up, Uc etc. 


If this is substituted in the power series, the following is obtained: 


us = ay [UA COS 27 fat + Up COS 27 fal + Uc COS 2 fot +...| + 
+ ag [UA COS 2 fat + Up COS 27 fat + Uc cos 2 fet +... + 
+ ag [UA COS 27 fat + Up COS 27 fat + Uc cos 20 fot +...) + 


If the above expression is developed it is found that the output voltage contains the frequen- 
cies 


1) ar JB EC: = fundamentals 

2) 2f4, 2fg etc. = second order harmonics 

3) 3f,, 3fpeter = third order harmonics 

4) fat fp etc. = second order intermodulation 
products 

8 DIVA) Bride; JA JB = JG AC 

) b) 2fA4 + fe fp 2faA third order intermodulation 
5) II cz JA +SB- fc etc. products 
b) 2fA = fB ” 
6) harmonics and intermodulation products of higher order and also 
dösterms: 


1 It sometimes occurs that correction networks of various types are placed at the output of the 
amplifier. All reasoning from this point considers the conditions immediately after the final tube, 
that is before any correction network. 


fine 


Fig. 3. Amplifier. 
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The amplitudes are for 


6a 
1) är U4, Ve 5) 1a) I Va UBUc 


a a 3az3 2 
2) 5 VR :> ÖT ME 
a a 6a3 
3) 6 Ur; Zl Us 5) Ita) — Va UgUc 
3a 
4) a: U4 Us 5) IIb) ns VENT 


The total harmonic ratio for second and third order harmonics is 


1 2470 
= 
22 Cs? 
4a,U 
=iol 
a as US 


If U = keX, the expressions become 


2a, 


sins CCEN 
Ak, "kas 

4a, 
Ak, =" ka, — 22N 


It will be seen that the total harmonic ratio is dependent on the output voltage. An in- 
crease in the level of the fundamental by S nepers results in ax, and arg decreasing by S 
and 2S nepers respectively, or in other words the second and third order distortion voltages 
increase by the square and cube of the amplitude of the associated fundamental. 


If Uj = Up = Uc, it is found in addition that the level of the intermodulation products is 
greater than the level of the harmonic products of the same order. (See table 1.) 


Table 1. 
Type of intermodulation : Vv Order of 
Product Level difference barnens 
A+B 0.7 neper higher than 2A 
A+B+0C IGN . 55 3A 
DAB ISO ES 34 


10 


Total harmonic ratio 


N 
3 | 
| | 
16 Overload level 
(CCITT define this as 
15 being the level where the 
/ third harmonic rises by 
z 2.3 nepers when the level 
13 of the fundamental 
= | rises 0.1 neper.) 
fe T 
- N 
= är I 
10 — 
Fenias ; 
| S Ca 
IKk2 
= = 74 
6 
5 
4 älllk 
— 3 
— 2 
1 
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Fig. 4. Total harmonic ratio as function of the output power 
for a coaxial amplifier for 960 channels. 


Table 2. 
Order | Type Number 

2A n 60 
Se | ZEN n (n—1) 3540 
3A n 60 

A- = 
3rd 2A+B Så (n—1) 7080 
A+B+2C 3" (n—1) (n—2) 136880 


The number of intermodulation products is easily seen to be appreciably greater than the 
number of harmonic products and thus no account of the latter need be taken in the calcu- 
lation of intermodulation noise. The number of products which can be formed from the 
various types is seen in fable 2. The number which can be formed from a supergroup has 
been given in column 3 (a large number of these, however, fall outside the transmitted 


1 


frequency band). As will be seen, the number of harmonic products is negligible in relation 
to the intermodulation products, even with this low number of channels. 

It is easily seen that the width of the transmitted frequency band must be at least one 
octave before second order harmonics and intermodulation products give rise to interference 
within the band. On the other hand, third order products of the type A + B— C and 24 — 
B give rise to interference even in small bands. 


Reduction of Distortion and Intermodulation by means of Negative Feedback 


If negative feedback is introduced in an amplifier, all types of interference voltages present 
in the u path of the amplifier are reduced. As is known, the principle of negative feedback 
consists of feeding back a part of the output voltage to the input of the amplifier in such a 
phase that the amplifier cannot oscillate ( fig. 5). Interference voltages (noise, hum, distortion, 
intermodulation etc.) which are present in the u path of the amplifier are thus fed back to its 
input out of phase, whereby a reduction of the interference is obtained. 

In this connexion, the part of greatest interest is the reduction of harmonic and inter- 
modulation products which are present as a result of the distortion in the tubes used in the 
amplifier. 

The characteristic of the u path of the amplifier is written as previously as a power series. 


Up = djUg + dollg Ir AgUg is «oe 
AS ug = uy, — bug, the following is obtained for the amplifier with negative feedback 
us = ay (uj — bug) + ag (u, — bus)? + ag (uy — öl) 4 oso 


If this equation is solved for uy, then 


a? 
u 


CA 2 3 
a + 
ET EE ere (1 a) 


az 2a3b | 


If in this equation the amplified fundamental is put equal to uw3, then 


um =i6+ (2) SES Ua il = CL 3 
AJA LET ar DN GT REL a DER (TER) 


X 11120 
Fig. 5. Negative feedback amplifier. 


or, as a,b > 1 


De 
' [£ Ke fra 
; NE UNG 
Ua = Ub + da eg: 
AKA a, a, 


The third coefficient has received the additional term 


. ÅS ag in general is negative, 


this term means a contribution. In many cases it is, HOWEVER. negligible. It can be explained as 
follows. A second harmonic of frequency 2f, is first formed from the fundamental f4. As 
a result of negative feedback this is returned to the input and passes through this amplifier 
again. Thus the frequency 2f4 together with the fundamental forms an intermodulation 
product of type A + B (fA + 2f,4 = 3f4). 


For the same output voltage but without negative feedback the expression for uo is 


Lö 2 ' 3 
, Ua do 
us = ua ST ER aa är I a3 ar 
(Ch a, 


As will be seen, the second and third order harmonic and intermodulation products have 


1 s 

been reduced by a factor ST due to negative feedback. 
Ei 

It is immediately seen that the total harmonic ratio is determined by a,b at the distortion 


frequency or, in other words, if the total harmonic ratio for a given frequency 2f (fundamental 
frequency f) is ar. neper, the attenuation ar, of the intermodulation products (for example 
fa + fB) is ag — 0.7 neper for all combinations giving fg + fa = 2. 

For the sake of completeness, it will also be shown how incoming interference (noise, hum) 
is reduced by negative feedback in the amplifier part. 


From fig. 6 is obtained 
[(U, — bU>)d Usa = 


From this is obtained 


Clearly, the earlier the interference enters the amplifier, the less it is reduced by negative 
feedback. 


SATT 
Fig. 6. Negative feedback amplifier (u-part divided). 
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Fig. 7. Deviation in phase shift from the tangent at 
1 Mc/s for a 4 Mc/s h.f. line repeater section. 


Addition of Intermodulation Products 


Fig. 7 shows the deviation of the phase shift from the tangent at I Mc/s for a repeater 
section of a 4 Mc/s h.f. line. If the tangent at an arbitrary point is written as by + kf, the phase 


shift may be written as 


b=by+kf+ pf) 


where p(f) corresponds to terms of second and higher orders. 
It is shown below how intermodulation products from successive repeaters add together. 


CE 


ST 
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Bs ri BO) 


Y 
27(nfa + ngfe + Aofo) UM 


14 


1 20fatt bg tkfet Plfa) 
20 fold kk) 


Vv 
2 TEA + ng fp +nofo)t + 
+ na [bo + kfa + pls) + 
+ ng [bo + kfe + pla) + 
+ no [bg + kfo + PlFo)l 


A(nifs + nafs + nofo) t + 
+ bo + klnifa + nafe + Nofo) + 


|-4 


+ p(nifs + ngfe + nofo) 


At the output of repeater I there are fundamentals and intermodulation products (arrow 
T,) having frequencies ny fa + ngfB + nefe (n4, ng and ne are order numbers) formed 
in the repeater. Both fundamentals and intermodulation products are transmitted and 
appear at the output of repeater II (arrows 7, and Ts). Intermodulation products (arrow 
T,) are again formed from fundamentals in this repeater. 


The phase angles of the intermodulation products (arrows 7, and Ts respectively) are 
&; =nalbg + kfa + pls) + ne [bo + kf + pla) +no[bo + kfo + pl 


pa = by + k(nafs + ng + nofo) + Plnafs + neta + nofo) 


The phase differences ($, — &$2) are thus obtained for second and third order harmonic and 
intermodulation products. 


UTN Ng Ne Type Ör - 42 

AK 0 RR byt 20(f)' p(2f) 

1 Ae bo + pla) + Pla) - Elfa +fa) 

1 — 0 A-B bo + Pla) — Pla) — lf Le) 

Id Se 250 + 309(f4) —P(3/4) 

1 1 1 A+B+C 2by + pfa) + Pla) + Pl - pla +e+Fo) 
it —I 4-—-B-C = 2by+9(f) > P0) Pl) ellers 
ger 0 AB 2bo + 2p(fa) + Pla) - Pl2s +Fe) 

FE 0 dB — 2b0 + pla) — 20(f8) - Pla - 250) 

1 SR SG NR BR Brr UL 
on OKEAEER 20(fa) — Pl) — Pl2fA —e) 


It will be seen that the phase difference q& for certain third order intermodulation products 
A+ B—Cand 24—B does not contain by. The phase difference for these products 
therefore becomes practically zero if the phase curve within a certain range approximates 
to a straight line and if f4, fB, fc and få + fp — fc respectively fa, fe and 2f,4 —/fB lie 
within this region. In other words they add on a voltage basis. 


In general for A + B — C, voltage addition is obtained if 


plfa) + pla) > plc) + pls +ste Lo) 


Addition on a voltage basis is thus obtained if the four frequencies lié within a small frequency 
band, but this is not a necessary condition. If, for example, fa is nearly equal to fc, voltage 
addition is also obtained for arbitrary values of fg because f,4 + fB — fo becomes approxi- 
mately equal to fp, whereby the above requirement is fulfilled. The first case where the four 
frequencies lie within a relatively small frequency band is, however, the most important. 
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Fig. 8. Addition of harmonic and intermodulation 
products. 


It should be observed that even if the repeater sections have different lengths i.e. by and k 
differ from one repeater section to the next, voltage addition is obtained despite this, thus 
the most unfavourable. 


A voltage polygon (fig. 8) can be used with advantage for calculation of the resulting 
harmonic or intermodulation voltage along a number (N) of repeaters. The harmonic or 
intermodulation product generated in each repeater is denoted by U, and that resulting 
after N repeaters by Ur. From the figure the resulting voltage Urr is 

Nq 


sin — 
2 


UjrR = Uk 
sin i 
2 


For qp + 0, Ujr will steadily increase to a maximum and then decrease. 


The results of measurements carried out on the addition of intermodulation products of 
type ÅA + B—C are given in fig. 9. The measurements have been made using pure tones, 
distributed as given in the figure. The wider the frequency band chosen, the more rapidly 
does the addition depart from voltage addition, which is to be expected in this case as the 
deviation of the phase curve from the straight line increases with increase in the width of 
the frequency band. 


More favourable conditions of addition for intermodulation products of second order are 
ST 


Zz 
btained if — < 
obtained i SS 


(the conditions of addition for the third order are unfortunately 
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Xx 11124 
Fig. 9. Addition of A--B— C-products along a 4 Mc/s h.f. line. 
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Fig. 10. Addition of A+ B-products along a 4 Mc/s h.f. line. 
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not affected by this). Urr is then always E UN 2. The repeaters are generally designed so 
that this applies to most intermodulation products of second order. Due to variations in 
the lengths of repeater sections and differences in the contributions from the various repeaters 
etc., the addition conditions are, however, in practice not quite so favourable. 


Fig. 10 shows how the levels of two different A + B products vary along a 4 Mc/s coaxial 
h.f. line. The difference in the characteristics is a result of the difference in 9. 


If the measurements which are the basis of graph II were made on a longer h.f. line they 
would have given a curve which had a minimum at approx. 35 repeater sections and which 
then increased. The A — B products and the third order type I products will add on a similar 
basis to that described above for A+ B products. 
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Fig. 11. Relativelevel for A+ B-products after 30 repeater sections. 
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The results of intermodulation measurements on a coaxial h.f. line with 30 repeater 
sections are given in fig. 11. It will be seen that the power of the intermodulation products 
varies appreciably, and with certain intermodulation combinations it is even lower than 
after one repeater. It is doubtful whether it is possible to produce an ""exact” method for 
calculation of noise due to second order intermodulation. 


For rough calculations a power addition minus 0.4 to 0.7 neper depending on length of 
the system can be used (see fig. 10 graph I), it being assumed that the repeater phase shift 
has been chosen as mentioned previously. 


Distribution of Intermodulation Products over the Band 


The most dangerous intermodulation products from the point of view of disturbance are 
those of second order A + B and A — B and third order A + B — C. Other products of 
third order, and products of higher order are in general of little practical interest as long as 
the repeater is not overloaded. In the following calculations it is assumed that the repeaters 
work in their linear” region. It will first be shown how the above intermodulation products 
are distributed over the band and then the intermodulation interference in the channels 
most likely to be affected, will be calculated. The following symbols are used: 


F = "frequency” for one channel (frequency unit = 4 ke/s) or the order number for the 
channel reckoned from zero frequency. 
F, and F, = lowest and highest channel transmitted. 


The number of intermodulation products of type A + B in channel xF, will first be 
calculated (see fig. 12). The number of intermodulation products of this type in channel xF, 


KE xF3 ZEN 
Vu =—- — 1 =— 1 —-—— 
2 2 XE 


are clearly 


The number of type A — B in channel XF, is calculated in a similar manner (see fig. 13). 
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Fig. 13. F,—Fa=XF,. 
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Fig. 14. Positions of F,, F; and Fe relative tothe disturbed channel (xF>). 


The number of products of this type in channel XF; is 


ig 
y=F XR -F - Fl SE (1 22) | 


2 


As will be seen from the above, the number of A—B products in the lowest channel is always 
double the number of A+B products in the highest channel and this is independent of the 


FR 
FAllO= 
F, 


In calculating the number of products of type A+ B—C, a certain simplification is obtained 
if F, is assumed to be zero and F then calculated from there. It is easily seen that this is 
permissible as the number of products of this type is only dependent on the absolute and not 
the relative bandwidth (see fig. 14). The following applies for these intermodulation products 


Få ER XE 


TR + Fe 


or in other words, F4 and Fp lie symmetrically in relation to 5 


KE xF. FER |; 
For each value of Fc which is < F> (1 2 intermodulation products are ob- 


tained. 


3 15 
If F, = F3 (1 — x), the number of products is equal to F, — : 
The total number in the channel xF; is clearly 


Fa(1 -x) F: 
xFo+F XF + FY FS E3 
»= | 5 ar+ f(r Jane a Ur 
0 
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j ; : 3 
This function has its maximum when x = 0.5. Z is then 5 


pA 


When x = 0 or 1, Z is equal to 1. 
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Fig. 15. Distribution of the relative number of intermodulation 
products. 


The distribution of the intermodulation products is shown in fig. 15. The A+B and A—B 
products reach their maxima in the highest and lowest channels respectively, whereas the 
A + B— C products reach their maximum in the middle channel. It will be seen from the 
expressions that the number of combinations of type A + B— C which give rise to inter- 


ference within the band is very large. Thus, for a 12 Mc/s coaxial system the number of 


0? 3 
and 8 : 27002 


combinations which interfere with the highest and middle channels is 


respectively (av 1.8 x 108 and 2.7 x 108 respectively). 
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CHAPTER 4 


Calculation of Intermodulation Noise 


The frequency dependence of the cable attenuation is generally compensated completely 
or partly in the amplifier feedback circuit. The degree of negative feedback falls off as the 
frequency incereases, which means among other things that even the total harmonic ratio 


decreases with increase in frequency. 


With a constant output level the channels in the upper part of the band would consequently 
be appreciably worse than the channels in the lower part. In order to even out the quality 
it is therefore usual to allow the output level to increase with frequency, a measure which 
is termed pre-emphasis. The uppermost channels are thus sent at a higher level and are 
therefore less exposed to thermal noise and intermodulation noise of type A + B. The lower 
channels, on the other hand, due to this measure are more exposed to noise, and the 
problem arises of obtaining the optimum pre-emphasis. This problem will be treated in 


a subsequent section. 


The intermodulation noise will now be calculated. The contribution from one amplifier is 
calculated and approximate methods for the calculation of the noise on an h.f. line section 
are given. It is assumed that the graph of the output level (pre-emphasis) is known. The 
following symbols are used: 


ak, and ars = total harmonic ratio in nepers for the second and third harmonics respectively 
with a fundamental output power of I mW (0 neper). 

föda = average power in nepers per telephone channel at a relative level of 0 neper 
= —- 1.73 nepers (see next section). 

F = frequency” of a channel (frequency unit = 4 ke/s) or the order number 
reckoned from zero frequency. 


F, and F,; = lowest and highest transmitted channels. 


N = number of repeater sections. 


Loading Conditions 


The load or useful power in an amplifier carrying many channels consists of a frequency 
MIÄtUrerhaving Many components Uk k Up. VG U,. It has been shown 
previously that the harmonic and intermodulation products which are present have 
practically the whole power concentrated in terms of the type 2U4 Up, 2U4A Upc ..sssoossinsna 
20400 FUEL UNO UR U 6U,4 UgU,, 6Upg Uc Up etc. for 
the second and third order intermodulation respectively. It can also be shown that the power 
in the intermodulation products is solely dependent on the total amount of the useful power 
but independent of the number of components, assuming that the number is large and that 
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they are fairly evenly distributed over the band. In the design of multi-channel systems there- 
fore, it can be assumed that the average loading consists of white noise evenly distributed over 
the frequency band. 


According to investigations carried out, the speech volume has approximately statistically 
normal distribution with a deviation & of 4 to 6 db! and an average value of about — 15 
dbm0. The results of some investigations carried out in America, England and France 
which have been submitted to CCITT are given in table 3. 


Table 3 

ös i | GO 2 | Col. 3 | COLA 

dbm0 | dbm0 | dbm0 | dbm0 | uW 
America 1953 äkkA | SIG | —10.8 | 6 | 20.8 
England 1955 
London—Birmingham —LI15.5 4.4 —L13.3 —L19.3 11.8 
[lomdon NSw gas ARD Lo 0: IG 20.8 
France 1955 —12.0 | 4.0 | —10.0 | SG | 25.0 


Col. I Average volume 

Col. 2 Deviation 

Col. 3 Average power with continuous speech 

Col. 4 Average power per channel during the busy hour 


The volume variation is due to several causes e.g. the loss in the subscriber”s line, the sub- 
scriber's habits, telephone equipment etc. 


According to investigations carried out by SUBRIZI at Bell Telephone Laboratories, the 
crow flight distances between subscribers also have their effect. Thus the volume increases 
by about 1 db for every 1,000 km increase in distance. When men speak in the telephone, the 
volume in general is I to 2 db higher than when women talk. Lines with high levels of noise 


also contribute to increase the volume. 


If the results of volume investigations carried out previously are studied, it is found that 
the average volume has decreased appreciably (in America from — 8 dbm0 in 1939 to — 10 
dbm0 in 1949 and to — 14.4 dbm0 in 1953). The reason for this is to be found, among other 
things, in that better telephone sets are used and also that the transmission properties of the 


lines have been improved. 


Column 3 of table 3 gives the average power per active channel with continuous speech, 
calculated from the average volume and deviation (columns 1 and 2 respectively). Even if 


1 In this section the unit db is used instead of neper as the unit db is used in the corresponding 
CCITT document. 
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conversations were on all circuits, a maximum of only half the channels would be active, as 
it must be assumed that the two subscribers participating in a telephone conversation each 
speak half of the time. Further time is lost in pauses in conversation, preparations, connecting 
up, signalling etc. According to investigations made by HOLBROOK and DIXON among others, a 
channel is not active for more than 25 2, of the time, which value is used by CCITT in the 
calculation of the average channel power during the busy hour. This average power has been 
given in column 4 of table 3. It is seen that this varies appreciably for various countries. 
CCITT recommend that when designing a carrier system having a number of channels not 
less than 240, an average power of 32 uW per channel (corresponding to — 15 dbm0) of which 
22 UW for speech and carrier leaks and 10 uW for signalling and buzzer tones should be 
assumed. 


In the determination of the performance of a wideband amplifier it is also necessary to 
know the instantaneous peak voltage. According to HOoLBROOK and DIXON the 1 4, value is 
approximately 12 db above the value of average power if the number of channels is above 
500. With tube ageing, level variations, test tones etc., this value should be raised appreciably, 
however, in the determination of the overload point. 


Intermodulation Noise of Types A + B and AÅ — B 


If a test tone having a relative level of O neper is sent in each of the channels, F, and Fg 
(see fig. 16), a disturbance having a relative channel level of 


- [4x, — 0.7 + (n, - Yr) = (n, + Yr ) = (n, + YF;))] 


is obtained in the channel xF, for the A+ B product. 


X 11131 
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The loading is instead made with white” noise having a relative average power of n,,. per 
channel. A narrow band AF, gives with channel Fp a disturbance in xF, having a relative 
level of 


1 
= [en 0.7 + NR fjärr Lade ES Yr, ER YE 5 In Ar, | 


When expressed in pW in a zero level point this becomes 


SÖ (Gjer = ÖMI YA fanta ANNA Y ; 
03:e (ak, xF”n k) ol Fet "ED AF, = KAtB. (FF): y(Fs) AF, 
The total noise in channel xF3 is 


= 


KI /v(P): v(xF.- FJdF OpW 


In many practical cases w(F), with a good approximation, can be written as I + k, e'=". The 
expression for the noise is then 


xFa 
2 
Pp Kön JU 


1 


2F, 
SKR 5 € = =) (1 + k2ekexF) + ek. 6 kaxFi(1—27) q | 


2 XE 2 


+ kye'F) (1 + kyeke (Fi F)) dF = 


EF 
In general SA <Z1. With this assumption the noise in the highest channel F; is 
2 


Fo e? (na -m) 1 
NARE 


VER k 
SR RA OA AJ eD ÅR AV FÖRKGASEB 
DESK? |3 (1 +kle KG | NN E + S 


If the pre-emphasis is a linear function of frequency, the noise in channel xF3> is 


Peps UNT SS SURA) 


PAJ | i; TNE Ne 
where Vv = SS (1 2) = number of intermodulation products of this type which lie in 
Ka 


the channel in question. With this type of pre-emphasis, the noise is clearly completely 


n, — Nn j / : 
independent of the slope FSE and is only determined by the level n,, to a certain extent 
2 1 


a curious result. 
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In a similar manner, the intermodulation noise in channel XF, of type A— B is 


F.- XF, F.- XF, 
DE 1067 20004207 7 20) [gp (F) (XR + F)AR = KR | (FP) VR + F)dF = 
F, F, 


= KA-B (R FRU) a [ekaFe + eke Fi XF) — ke Fil +) ekaFi] + 
2 


2 
[ek Fa XP) — okoFi (K+ ol 
2 


With the same assumptions as were made for the A + B products, the noise in the lowest 


channel F, is 


2k k 2e2(m-Mm) — 2 
RA TR Eg a RE FEN pwW 
1 [0 4 E ka 


The distribution of intermodulation noise of types A+B and A— Bis shown in figs. 17 and 
18 respectively. The calculations have been carried out for the pre-emphasis shown in fig. 21. 
The curves 1 show the noise distribution with constant ar. while curves 2 and 3 show the 
same when aj. decreases linearly by 1 and 2 nepers respectively from the lowest to the high- 
est channel. As shown previously, when the degree of negative feedback in general decreases 
with increase in frequency and thereby also the total harmonic ratio, the noise of type A+B 
and A—B will in general reach a maximum in the upper and lower parts respectively of the 
band. 


Nepers 
+0.2 


X 11132 
Fig. 17. Distribution of intermodulation noise of type A+B. 
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Xx 11133 
Fig. 18. Distribution of intermodulation noise of type A— BB. 


The noise calculations carried out above have only given the contribution from a single 
amplifier. In the determination of the noise for an h.f. line link of 200 to 300 km length, 
power addition minus 0.7 neper can be assumed in accordance with the above, giving satis- 
factory accuracy for practical purposes. 


Intermodulation Noise of Type A+ B —- C 


The treatment of intermodulation noise of type A+B—C will now be dealt with. As the 
expressions for this are particularly complicated and not easily surveyed, only the general 
expression for their calculation after a single repeater is given and the distribution in the 
transmission band is shown in the diagram. It is then shown how rough calculations of the 
noise for an h.f. line link may be carried out in a simple manner. It seems not possible to cal- 
culate exactly” the noise for an h.f. line link with pre-emphasis and non-linear phase shift. 
Solutions have been published for certain special cases and without pre-emphasis (output level 


independent of frequency). 


With reasoning similar to that made previously and with the help of fig. 19, the following 
expression for intermodulation noise of type A+ B— C after a single repeater in an arbitrary 


channel xF; is obtained. 


MU 
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Fig. 19. 
F.+ Fa 
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+ 
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F.+XxFi SP 
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In this case 


KAIB-C = 10? HÖR Y,p,- 2m- 3nmk) 
xF2 


The distribution of the intermodulation noise (type A+ B— C) has been drawn in fig. 20 for 
two different variations of args. The calculations have been made for the pre-emphasis shown 
in fig. 21. In both cases it has been assumed that ajg is a linear function of frequency. If the 
total harmonic ratio is independent of frequency within the transmission band (curve 1), 
the channels in the lower part of the band are most exposed to this type of interference. As 
the frequency dependence of the cable loss is wholly or partly compensated in the feedback 
path of the amplifier, the degree of negative feedback and thereby the total harmonic ratio 
falls with increase in frequency and consequently the noise maximum is shifted to higher 
frequencies. Curve 2 in fig. 20 shows the distribution of noise when arg is reduced by 2 
nepers from the lowest to the highest frequency. For most practical cases therefore, the 
relative noise maximum should lie in the upper part of the band. It will easily be seen that 
the major part of this noise comes from channels in the upper part of the band. These give 
the strongest intermodulation products as they have high output level from the repeaters. 
due to pre-emphasis. 


28 


+0.6 


+04 


0.4 


-Q6 


=0:8 


=hO 


Xx 11135 
Fig. 20. Distribution of intermodulation noise of type A+B— C. 
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Fig. 21. Typical pre-emphasis curve. 
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If for a single amplifier the major part of the intermodulation noise in the upper part of 
the band originates from the highest channels, it is quite safe to presume for an h.f. line link 
that practically all noise in the upper channels originates from channels in this part of the 
band, due to the A+B—C products adding on a voltage basis within narrow bands (cf. 
page 17). 


With wider bands the addition deviates to a certain extent from that on a voltage basis 
and within very wide bands the deviation is appreciable. Consequently the channels in the 
lowest and centre parts of the band give practically no contribution to the intermodulation 
noise in the upper part. 


The calculation of the noise in the upper part of the band can clearly be appreciably 
simplified when — as will be seen from the above — it is only necessary to consider this 
part of the band. Here the pre-emphasis can be replaced with relatively good accuracy 
by a straight line (see fig. 22). For an h.f. line link having N repeater sections the following 
value of the noise in the top channel is obtained: 


AFz B 
4 Xx 
-2 =1.8-2na-3 Xx 
Pr, =N?.109:e (Eks BER Er he 
2 
0 


— 


2K 
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In this case ÅF, is the effective bandwidth, about 10 to 20 2, of the whole band, within 


: se Bar 
which voltage addition can be assumed. F. is the pre-emphasis slope in the upper part of 


the band. i 


AS is seen in fig. 20, the noise does not reach its maximum value in the highest channel 
but somewhat below this. A sufficiently accurate value of the maximum noise with normal 
pre-emphasis is therefore obtained if in the above expression the integration is carried out 
over the whole band. Thus 


Ne FN? NF? 
Pa NK la) I(TE 248. =] As SA 
se (3) RE (2) i EAP 


It has been assumed in the calculations carried out so far that the loading consists of 
white noise and the noise values calculated also concern white noise in the disturbed chan- 
nel. Having regard to the distribution of speech power in the telephone channels among 
other things, the shape of the psophometer curve etc. these values must be corrected by a 
certain factor x. The most suitable values are 


« = 0.25 for A— B products 
ax = 0.5 for A+B products and thermal noise 
= 0.5 to 1.0 for A+ B— C products. 


CCITT here recommend « = 0.5 with white noise loading. 


CHAPTER 


Method for Measurement of Noise 


Special measuring equipment for measurement of noise (thermal noise and intermodula- 
tion noise) in certain pre-determined parts of the band are now manufactured by several 
instrument firms. The method of measurement is seen in fig. 23 and from the following 
details. The object under test, for example an h.f. line, is loaded with white incorrelated 
noise within the whole of its transmission band. A small band within which the noise is to be 
measured is, however, kept pure”. The method of test seems to be satisfactory. However for 
practical reasons it is almost impossible to make the band-stop filters (a) sufficiently narrow 
which can mean that altogether too good test results are obtained. It will be seen from the 
above that practically all intermodulation noise of type A + B-— C in a certain channel 
originates in general from channels in the same part of the band, owing to this type of in- 
termodulation product adding on a voltage basis within narrow bands. If the filter is wide 
there is a risk that the channels which should give the most interference are not loaded and 


consequently not unappreciable measuring errors can arise. 
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Noise generator 


Band-pass filter 
(passband is the transmission 
band of the test object) 


Band-stop filter (a) 

(stop band is the frequency 
range within which the noise 
is to be measured) 


Test object 


Band-pass filter 
(pass band is the stop band 
for (a)) 


Selective level measuring set 
with square law detection 
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Fig. 23. 


A method of measurement will be given below which has been used with success by the 
Board of Telecommunications in noise measurements on 4 Mc/s h.f. lines. The method 
utilizes the terminal equipment associated with the h.f. line. Similar measuring techniques 
may be used for noise investigations on, for example, a 12 Mc/s system. 


The only extra equipment which is required is a noise generator and a psophometer. The 
method assumes, however, that the noise contributions from the various parts of the terminal 
equipment are known. The test arrangements are as shown in fig. 24. 


White uncorrelated noise is injected into the supergroup translating equipment (receiving 
side). All. supergroups except one are through connected on a supergroup basis to super- 
group translating equipment (sending side). Four basic groups are through connected on a 
group basis in this supergroup. Eleven channels are through connected in the fifth basic 
group. The noise measurement is carried out on the channel which is not through connected. 
It will be seen that this method gives possibilities of measurement of noise anywhere in the 
band where required. All channels are correctly loaded and reliable measurement results 
will be obtained. 
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CHAPTER 6 


Design with Regard to Noise 


It will be seen from the above that the noise contributions from various repeaters in a long 
h.f. line add in different ways. The thermal noise (resistance and tube noise) thus add on a 
power basis and the same applies to the intermodulation products of the second order, 
where, however, in favourable cases a certain reduction factor—about 0.7 neper—may be 
introduced. The most dangerous intermodulation products of the third order, however, add 


on a voltage basis. 


Relationship between Bandwidth, Section Loss and Number of Repeaters 


The way in which a change in the number of repeaters in an h.f. line affects the total noise 
will now be studied. It is assumed here that the repeater characteristics as regards thermal 
noise and distortion are identical at the same levels, although their gain is altered. 


To obtain a clear picture of the conditions, it is assumed at the start that the number of 
repeaters in an h.f. line is doubled, the frequency band is increased and that in so doing the 
total noise power is required to be unchanged. The number of noise contributions of different 
types is thus also doubled, and the power contribution from each repeater must then be 
reduced to a half i.e. by 0.35 neper (= InV?2). The input level must therefore be raised by 
0.35 neper so as to reduce the thermal noise by a similar value. It is also required that the 
output level is reduced by 0.35 nepers to reduce the intermodulation products of the second 
order. The absolute power of the intermodulation power is then reduced by double this 
value or 0.7 neper, but as the noise in the disturbed channel has also been decreased by 0.35 
neper the relative power contribution is reduced by the difference i.e. by a half. In addition, 
the reduction of the output level by 0.35 neper means that the intermodulation products of 
the third order are reduced by 3 times this value or by 1.05 nepers as far as the absolute 
values are concerned. In the same way as previously, the level in "disturbed channel” is 
reduced by 0.35 neper and thus the relative noise level has been reduced by 0.7 neper i.e. 
their voltage from each repeater has been reduced to a half and the power to a quarter. 


As mentioned above, the dangerous products of this type add on a voltage basis. As 
there are twice as many repeaters in the line link the total voltage is unchanged and thus 
too the total power contribution of this type. Thus with a doubling of the number of repeaters 
in an h.f. line, the input level must be raised by 0.35 neper and the output level reduced by an 
equal amount in order that the total noise from the three most important sources of inter- 
ference shall remain unchanged. In total, therefore, the gain per repeater is reduced BYrOM 
neper i.e. the loss of each line section is reduced by 0.7 neper = In 2. 


It can easily be shown that in general with a change of the number of wide-band amplifiers 
in a section e.g. due to changed conductor dimensions or frequency band, the loss of the line 
sections should be changed by the natural logarithm of the ratio of the number of amplifiers. 
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Expressed in another way, for unchanged noise quality it is required that the maximum atten- 
uation, a neper of the repeater sections shall be 


a = constant +ln L 


where L is their length in suitable units. As Americans and Englishmen have been pioneers 
in coaxial technique, the lengths of repeater sections were standardized at an early stage in 
English miles e.g. 8 miles for the American L-1 system and 6 miles (9.6 km) for the European 
4 Mc/s system. Later on these section lengths have been halyved to 4 and 3 miles respectively. 
If the unit of length in English miles is used in the attenuation formula above, the constant 
is approximately equal to 3.7. Table 4 gives the maximum attenuation for the various 
systems calculated in this way and the true attenuation of the system in the normal coaxial 
cable. 


The last column is given as a curiosity and shows what the result might be with a possible 
future division of our coaxial cable repeater sections into two parts. 


It will be seen that the values of the table agree fairly well. It must not be concluded, from 
what is said above, that it would be as easy to realize various coaxial systems, but only that 
they can be made fairly well equivalent from the noise point of view. The difficulties in 
designing good amplifiers increase very much instead with increasing frequency and band- 
width. Among other things, better tubes are required and a factor in this connexion which 
has not been mentioned previously is that the distortion requirements with the output level 
of the repeaters at a constant value must be increased due to the wider bandwidth and the 
resulting larger number of intermodulation products which arise due to combinations of 
different channels. 


Optimum Section Attenuation 


The associated problem of how the number of repeaters in an h.f. line shall be chosen so as 
to obtain minimum interference noise for unchanged conductor dimensions and constant 
frequency band will now be investigated. H. F. MAYER has shown in a simple manner that if 
account is only taken of the thermal noise, the number of repeaters shall be chosen so that 
the line attenuation is only 0.5 neper. 


If account is also taken of the intermodulation products of second and third order, the 
conditions are somewhat more complicated. The following symbols are used: 


Output level of the repeaters n, neper 
Input level of the repeaters n; neper 
Total attenuation of the h.f. line A neper 
Number of repeaters N 
Total noise power PpwW 


Noise power per repeater: 
thermal noise at n; = O pi PW 
second order intermodulation at n, = 0 på PW 
third order intermodulation at n, =0 pa PW 
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A possible reduction factor is included in pa for more favourable addition than on a 
power basis. Only the most dangerous intermodulation products which are added on a 
voltage basis are included in pg. It is easily seen that the total thermal noise will be equal to 
N-: py: e” 2, In a similar manner the total second order intermodulation products are 
equal to N: pa: eu, The corresponding third order products added on a voltage basis are 


equal to p3 [N +: e?7u]?, 


The total noise power is then 


-2n; 


PESNDICIsERINDS SE INEDS Su 


; ; Å 
The attenuation of the repeater sections is equal to n,, — n; = Ne Replace nn; by the term 


el 
ny — N in the expression for P and at the same time put e?”7u = X. The following is then 


obtained 
A 


NINO 


In this expression, N and X are independent variables and a minimum in P is obtained by 
putting 
RISE, 


JR IN 


The following are obtained 


A 


SE 
Faklend NE Np tr 2NCpa X=0 


1 2Å 2A å 
PA RS. SEPA 2NPs AR =0 


The first of these gives 
1 
PX + 2NpsX? =—pje N 
Kl 
which is put in the other expression, thus giving 
1 öx Å 
FE "(2-25) =) 
Å 
of which — = 1 
N 
The repeater section attenuation shall thus be 1 neper for a minimum of noise. This 


value is very low in relation to the normally used values of attenuation in accordance with 
table 4. Economic considerations have naturally affected this. The average attenuation 
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for the whole frequency band is, however, lower than that given in the table which applies 
to the attenuation at the highest frequency. In addition, it is clear that the new coaxial systems 
tend to lower values of attenuation and it is not precluded that in the future, transistorized 
repeaters may be introduced in the coaxial cables on relatively short distances if sufficiently 
good transistors are developed. 


Table 4. 

System type L—1 4 Mc/s L—3 12 Mc/s | 4 
Section length (L) miles 8 6 4 3 | 155 
ITNE 251 1.8 1.4 Ill 0.4 
a = 3.7 + In L nepers 58 SG) SKI 4.8 4.1 
Actual loss nepers 3.9 ID I 4.8 i 
Max. frequency Mc/s 2.6 41 8.3 12:4 approx. 35 
No. oftelephone circuits 60 9260 1800 2700 approx. 8000 


Division of Thermal Noise and Intermodulation Noise 


One of the minimum requirements given above was 


A 
1 2 
SR NEDPEXEEO NDX 


If this expression is multiplied by N it becomes 


ÅA 


N 
FÄR NEENpa XE 2NEpa XE 


When expressed in words this means that the levels shall be so chosen for minimum total 
noise that the thermal noise is equal to the sum of the second order and twice the third order 
intermodulation noise. As the minimum is very flat, it is usual in practice to select the level 
so that the thermal noise is equal to twice the intermodulation noise (sum of the second 
and third order) so as to obtain the same worsening of quality with level deviations in both 


directions. 
IE 
The total noise shall thus be about 0.2 neper - 3 In 5) stronger than the thermal 


noise alone. 


Optimum Pre-Emphasis 
It has been assumed previously that optimum pre-emphasis has been chosen. Frogging is 
used in a widely dispersed coaxial network. This means that for long connexions, blocks of 


circuits (supergroups, mastergroups etc.) systematically change places in the frequency band 
at the through routing stations. An equalization of the quality is thereby obtained. The 
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requirement for optimum pre-emphasis means then that pre-emphasis shall be chosen so 
that the sum of the noise power in the various channels is a minimum. 


The choice of pre-emphasis is a complicated problem, where account must be taken of 
the frequency dependence of the line attenuation, noise factor and total harmonic ratios etc. 
It is now shown, using very simplified assumptions, that the optimum frequency dependence 
of pre-emphasis should correspond to about ?/; of the gain of the negative feedback amplifiers 
used. It is hereby assumed that the frequency dependence of the gain is solely dependent on 
the feedback i.e. the possible correction networks are not included in the amplifiers 
and that the gain of the u path is constant. The thermal noise per channel without pre- 
emphasis varies with frequency and in general rises with this. With a constant amplifier 
noise factor the noise is proportional to e?F where Fis the gain at the respective frequency. 
In addition, it is proportional to e-2” where n is the level of the respective channel after 
the amplifier. 


In addition, it is assumed, that the power of the intermodulation products is only dependent 
on the power of the disturbing channels and the degree of feedback at the frequency of 
the disturbed channel. 


Ås the gain varies inversely with the degree of feedback, the power of the intermodulation 
products in a certain channel is proportional to e?f. With a complete derivation of the 
optimum pre-emphasis, account must be taken of the fact that all the channels can give 
intermodulation noise in a certain channel and that this in its turn disturbs all the others. 
With the simplified derivation, only the conditions in two arbitrary channels denoted by 
I and 2, will be investigated. For the most important intermodulation products A + B and 
A — B of the second order and A + B — C of the third order, a certain reversibility prevails 
in that two arbitrary channels interfere with each other by intermediation of the same chan- 
nels in both cases. If, for example, consideration is made of the third order disturbance A + 
B—C =D where A, B, C and D are designations of the respective channel frequencies, 
it can be said that channel A interferes with D by intermediation of channels B and C. In 
this way channel D can also interfere with A due to exactly the same channel intermediation 
as A= D+ C—B. The same applies for second order intermodulation. As the most 
suitable level a, and 7; in channels 1 and 2 are to be investigated, the levels of the remaining 
channels are not varied. The interference from channel 1 to channel 2 and vice versa is then 
regulated by one and the same factor k,, which is dependent on the type of interference and 
the levels of the intermediary channels. In accordance with the above, the intermodulation 
interference from channel I to channel 2 can therefore be put equal to k,, - e?f:. e2m-2m The 
interference from channel 2 to channel 1 is then equal to kja:e?"i.e2m-2m, These 
intermodulation interferences are only a small fraction of the total intermodulation 
noise in the respective channels. However, as all channels affect each other in the same 
way, these expressions can represent the total intermodulation noise in the two channels. 
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The corresponding thermal noise in the two channels is pje?fr-2m and p,e2f:-2m respec- 
tively, where p, is a constant. The total noise contribution in both channels is therefore 


P =p; (e? (Fi-m) + e? (a) a kyale? (Fi+m—-n) + e2 (isens) 


The first term in this expression corresponds to the thermal noise and the second term corre- 


sponds to the intermodulation noise. The factor e”0u+tnm) js taken out of the first term 


and written as 
pj: er (nm +) . (EE (m — 2) + ena) 


In this expression, the pre-emphasis, 7, — will be varied so as to obtain minimum for P. 
n ar No . g 3 N ; : 
The average level TRE is assumed, in accordance with previous derivations, to be chosen 


so that the thermal noise is twice as large as the intermodulation noise. If n, —g is put equal 
to X the following is obtained 


JEEP (GEES PoE ps (ER Tr 20) 
Oo 1S put equal to U and So 
Pp;: e CERN + e? Fat X) + ka (202 Fit X) — Ve) =0 


By combination of these two expressions, the following are obtained successively: 


eFi-X sr e2Fo+X  o2(F+X) 4 p2(Fi-X) 


e2Fi-X — Fat X — e2(Fa+X) — o2(Fi-X) 


eh X Ft) 


Fit X (FX) 
etFi-3X — AFat3X 
4F, — 3X= 4F> + 3X 
6X =4(F, — F)) 
Thus at the minimum 


2 
X =M 5 = (F, — F) 
As this must apply for two arbitrary channels, it can be said in general that 
2 
=E HEEK 
ES 


where k is a constant which is to be chosen so that at the minimum the thermal noise in all 


channels together shall be twice as large as the total intermodulation noise. 
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It should again be pointed out that a rough estimate of the frequency dependence of the 
pre-emphasis has been derived. A more accurate theoretical derivation, however, is very 
difficult. Possibilities exist of trying out practically the optimum pre-emphasis with different 
conditions. A suitable method of procedure appears to be the following. 


In a regulated section of normal length (e.g. 280 km, in accordance with CCITT) the noise 
is measured in a suitable number of channels spread out over the whole frequency band. 
Variable correction networks are connected at the beginning and end of the line e.g. cosine 
equalizers, which simultaneously can be regulated in opposite directions so that they cancel 
each other's influence on the attenuation in the transmitted frequency band. The total noise 
in the test channels is measured and the correction networks regulated to give a total noise 
minimum. At the minimum the correction network at the sending end clearly corresponds 
to optimum pre-emphasis. 


Necessary Harmonic Ratio 


An attempt will now be made to calculate the needed harmonic ratio at the highest frequency, 
for a 12 Mc/s coaxial amplifier, using the expressions derived in the previous section for the 
intermodulation noise. The length of the coaxial line link is assumed to be the same as that 


bå 


of the CCITT reference line i.e. av 280 km. The cable attenuation at 12 Mc/s between 


two repeater stations is assumed to be 4.5 nepers" which in the case of the Swedish coaxial 
cable corresponds to a length of about 4.6 km. The coaxial line link therefore contains about 
60 repz2ater sections. 


The average value of the noise in a coaxial line link must not, according to CCITT, in any 
550 s ; 
hour exceed DT av 830 pW, or in other words may in the worst case be equal to this value. 


About half this value or 400 pW will be reckoned with here and it is assumed that ?/; of this 
is thermal noise, !/4 is intermodulation noise of second order and 2/, is intermodulation noise 
of third order. 


For the tube types in question here, the value of equivalent noise resistance is about 150 
ohms. The input transformer can hardly be designed to have a greater impedance ratio than 
1/10 or 75/750 for this frequency range. Tube noise clearly gives a not unappreciable 
contribution to the total thermal noise. If the attenuation in the input transformer is 0.05 
neper (a reasonable value) the absolute level of the thermal noise (psophometrically weighted, 
bandwidth = 3 ke/s) at the repeater input must clearly be reckoned as being not less than 


—- 16.0 +1In 


375 + 150 
ig + 0.05 = —- 15.6 nepers 


+ At the first discussions of the CCIF concerning the structure of this system, it was assumed that 
the 12 Mc/s system repeater sections would be obtained dividing those of the 4 Mc/s into two 


parts. A recommendation for the attenuation of the repeater sections in a 12 Mc/s system is not 
available, however. 
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Fig. 25. Repeater section. 


The lowest output level from the repeater at 12 Mc/s is then (see fig. 25): 


= 156 0 GO ålo igt 
0 0 00 = 4 nepers 
3 


Now that the output level from the repeater is known, expressions for the second and third 
order intermodulation noise ar, and ars may be calculated with the help of the previous 
section, assuming that the pre-emphasis is known. The pre-emphasis given in fig. 21 is as- 
sumed to apply here. This gives for the top channel 


400 (GE OM EL0 0:45 3:5N | ONS AT IG ON 
FREE 9. (ak, k - ) . 
SA 0-4 


from which aj. = 7.5 nepers 


400 År oe” ak, 1.8+2.8+5.2) 2,700 - 601? 1 
FÖR 2 Ag AA I 2 


from which ajz = 11.2 nepers. 
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Two types of instabilities in long electron beams, confined by magnetic fields, are 
investigated. One of them, which is dependent upon the presence of positive ions 
trapped in the beam, occurs at frequencies near the plasma frequency of the 
ions and gives rise to a rotational motion of the electron beam. The other, which 
is dependent upon the presence of slow electrons in the beam, occurs at frequencies 
close to the gyrofrequency of the electrons. 


« Electronics Department of the Royal Institute of Technology and the Research Depart- 
ment of Telefonaktiebolaget L M Ericsson, Stockholm. Now at the Microwave Department of 
the Royal Institute of Technology. 


Introduction 


Long electron beams confined by d.c. magnetic fields are used in many microwave 
tubes and much attention has been paid to the stability properties of such beams. The first 
part of the investigation reported here concerns the oscillations that can occur when positive 
ions are trapped in the beam so that the beam is in fact passing through a cloud of positive 
ions. Such oscillations have been studied earlier by several authors. Of these, C. CUTLER! and 
H. MIHRAM? have given the most complete experimental information. The experiments pre- 
sented here aim at a more detailed insight in some aspects of these oscillations. Even if the 
investigation is concerned with a type of system used in microwave tubes, we feel that some 
of the results may also be applicable to more general systems such as, for instance, certain 


types of gas discharges. 


One of the main features of these oscillations is that the beam as a whole performs a 
rotational motion around the axis of symmetry of the tube. The frequency of rotation 
corresponds to the plasma frequency of the positive ions if we assume that the ion density is 
such that the space charge in the electron beam is neutralized. Measurements of the variation 
in amplitude along the beam—which are difficult to make accurate enough—indicate that 
the amplitude increases from the gun to the collector end and that there is generally a certain 
phase difference in the rotation between the gun and the collector end of the tube. When the 
magnetic field is increased, the amplitude of the beam oscillations first decreases but appears 
to approach a constant value for strong magnetic fields (> 3,000 gauss). The a.c. current in 
the axial direction, which is simply the current measured in the collector circuit, is generally 
less than 1 24, of the d.c. current to the collector. An ion current, modulated with a frequency 
that in most cases is an order of magnitude lower than the frequency mentioned above, 
reaches the walls of the tube. 


Experiments have been made on the effect of the secondary electrons, slow as well as fast, 
that leave the collector. The measurements show that the amplitude of the oscillations can be 
decreased by suppressing the secondaries but we have not been able to reduce the amplitude 
in this way by more than a factor of 5. 


The second part of this paper describes phenomena occurring at frequencies around the 
gyrofrequency of the electrons when the pressure in the tube is high enough (a 10-2 mm Hg). 
A signal impressed on the beam is amplified as long as the beam current is below a certain 
value. When the current is above this value the tube breaks into oscillation. The amplification, 
at a frequency of 3,000 Mc/s, along a 30 cm long beam can be of the order of 40 db at a 
beam current of 20 mA and an accelerating voltage of 1,000 volts. These phenomena occur 
only when the beam region contains a certain number of secondary electrons, created by the 
primary beam through ionizing collisions with the rest-gas molecules. Measurements show 


that the density of secondary electrons is higher than the density of the primary beam at a 
pressure of f0-t mm He: 
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At a pressure of 107? mm Hg the beam gives rise to enough light to permit visual obser- 
vation. When the system is working as an amplifier, this light is sharply confined to an area 
roughly corresponding to the beam area. However, when the system breaks into oscillations, 
the light comes from a region much greater than the beam region. This seems to indicate 
that the microwave fields have become strong enough to cause the electrons that have 
”"diffused” out from the beam region, to excite the gas molecules. 


EFAPIPERI I 


Experimental Investigations of the Ion Oscillations 


1.1 Description of the Tube and the Measurements 


The tube used for the measurements is shown in fig. I. The longitudinal magnetic field 
extends beyond both the cathode and the collector and can be varied up to 5,000 gauss. 
Owing to the heat developed, fields above 1,500 gauss can be used only for short periods. The 
cathode has a diameter of 3 mm and gives a solid cylindrical beam with a beam current up to 
50 mA. The diameter of the surrounding metal tube is 5.5 cm and the length of the beam is 
about 50 cm. Most of the measurements were made with accelerating voltages between 200 
and 1,000 volts and at pressures between 35'10-5 and 2:10-5 mm Hg. 


Three different types of collectors have been used. The first, C,, was simply a solid copper 
rod with a diameter about 10 times the beam diameter. In the second type, C,, a semicircular 
nickel plate covered half the end surface of the copper collector. The nickel plate made good 
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Fig. 1. The experimental tube. 
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Fig. 2. Collector system using crossed electric and magnetic fields. 
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electric and mechanic contact with the copper. The beam could be directed so that it hit the 
copper and nickel surfaces simultaneously. With this collector we could study the influence 
that inhomogeneities in the secondary emission properties of the collector surface have on 
the oscillations. The third type of collector, C3, which makes use of deflection in crossed 
electric and magnetic fields, is shown in fig. 2. The magnetic field is the longitudinal field 
confining the electron beam. With this arrangement, we can prevent both slow and fast 
secondaries leaving the collector surface from going back into the beam. 


To measure the d.c. and a.c. properties of the beam we used two very thin wire probes. 
These probes were independent and movable in the axial direction and they could be made to 
sweep over the cross section of the tube. Measurements of the a.c. fields outside the beam 
region including their rotation were made by means of electric (capacitive) probes that could 
be displaced axially and radially. These probes were 3 cm long and 1 cm wide metal plates. 
Fig. 3 shows the arrangement of the probes. 
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Fig. 3. Probe arrangements. 
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By using two identical probes that could be moved independently over the cross section of 
the tube, we could estimate the effect of any one of the probes on the oscillating system. Such 
measurements show that the disturbances caused by the electric probes are extremely small 
even when the probes are very close to the beam. The wire probes disturb the system more 
but the results obtained from such probes should be qualitatively correct. 


When the ion current going to the tube wall was measured, a fine-mesh cylindrical net was 
placed close to the tube wall. This arrangement allows measurement of the energy of the ions 
and simplifies the measurement of the ion current to the tube wall when the electron beam is 
pulsed. 


1.2 D.C. Fields and Space Charge 


The electron beam creates positive ions and electrons by collisions with the gas molecules. 
The main part of the electrons formed at the collisions have much higher energies than the 
positive ions and quickly reach the collector. The positive ions have low velocities and are 
confined radially if there is a net negative charge in the beam. The axial drift of the positive 
ions is determined mainly by gradients in the axial direction. 


When the ion production exceeds the axial losses, the negative charge will tend to become 
neutralized so that the ions are no longer confined radially (the ions are almost unhindered 
by magnetic fields less than about 2,000 gauss). If it can be assumed that the secondary 
electrons leave the system instantaneously and that the axial ion losses are negligible, an 
upper limit to the concentration of positive ions can be found. As the collector was always 
kept at — 100 volts with respect to the tube wall, it is probable that these assumptions are 
reasonable (at least for pressures around 10-? mm Hg). The potential difference between 
the centre of the tube and the wall is then determined by the condition that the potential, 
created in the centre of the beam by accumulation of positive charge, is large enough to give 
a radial out-flow of ions equal to their rate of production. The beam radius, inside which the 
positive ions are formed, is very small compared to the radius of the metal tube and it 
should be justified to assume that the field at the beam boundary is zero (space-charge 
limited current). The potential difference between the beam and the tube wall (7) then 


TNE 2 
(EET ( > ") lots (1) 


acc 


becomes 


where p is the pressure in mm Hg, i, the collector current in amperes, r, the radius of the 
metal tube in cm and Vag the accelerating voltages in volts. For the following typical values 
EE 21077, 3, Vace = 1,000— We obtain V= 297 volts. Under tnese 
conditions, the ion current to the tube wall would be 3.1 uA, which is about half of the 
measured value. More general calculations show that the ion concentration is very nearly the 
same as the concentration of primary electrons. The potential determined by eq. (1) is, in 
most of the experiments, greater than the cut-off voltage for the ions in the crossed electric 


and magnetic fields. 
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1.3 Some General Remarks on the Oscillations 


In the first measurements we pulsed the beam current and observed the fluctuations in the 
current to a wire probe barely touching the beam. During the first part of the pulse there are 
no oscillations in the probe current but after a certain time oscillations start. At constant 
beam current, the time interval, Ar, between the beginning of the pulse and the start 
of the oscillations is inversely proportional to the gas pressure in the tube. When Åt is 
studied as a function of the beam current at constant pressure we obtain the result shown in 


fig. 4. 


If it were assumed that the oscillations start when the beam is neutralized by positive ions 
At should be independent of the beam current, vary inversely as the gas pressure and have 
the approximate value 42 us under the conditions of fig. 4. Thus, both the magnitude of Åt 
and its variation with the beam current show that the start of oscillations is a more complex 
phenomenon. 


The solid line in fig. 5 shows the observed oscillation frequency versus the square root of 
the collector current, i.. The vertical lines represent the spread in the measurements. A 
magnetic field of 750 gauss was used to ensure that the beam was well confined. The dotted 
line in fig. 5 gives the variation of the resonance frequency, v, = ESA va In calculating 
the plasma frequency we have assumed that the space charge in the beam is completely 
neutralized and that the ions have an atomic weight of 30. The diameter of the beam, taken 
as the distance between points where the current density is half its maximum value, was 
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Fig. 4. Time for start of oscillations, At, versus collector 
current, i.. Pressure LÖR mm Hg, magnetic field 1,000 gauss, 
accelerating voltage 800 volts. 
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Fig. 5. Measured oscillation frequency versus square root 
of collector current, solid line. The dotted line shows 
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measured with the arrangement shown in fig. 6. The beam diameter was estimated to be 2.7 
mm, which also is the value that gives the best fit to the experimental curve. 


The pressure dependence of the oscillations is quite complicated in its details. The general 
nature of the oscillations remains almost unchanged in the pressure range 1078 — 5 : 1075 
mm Hg. Above 5 : 10-5 mm Hg, however, the type of oscillations discussed here gradually 
disappears. 
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Fig. 6. Collector system for measuring the beam di- 
ameter. The pierced main collector is movable in 
radial direction and can also be rotated. 
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Fig. 7. Current to the wire probes versus time. Probe b is fixed and probe a has the different positions 
indicated in fig. 8. The two series of pictures are taken for different directions of the magnetic field, By. 
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Next, we used the different types of collectors described above to obtain some general 
information about the main character of the current modulation. In these experiments great 
precaution was taken to avoid all interception currents. If the current fluctuations are mainly 
transverse, there should be only a very small a.c. component in the collector current when 
the all-copper collector, C;, is used. Owing to the different secondary emission properties of 
copper and nickel, one would, however, expect much greater fluctuations when the copper- 
nickel collector, Cs, is used. The observed current fluctuations were at least a hundred times 
greater for C, than for C,. This and the results from the wire probe measurements prove 
the oscillations to be essentially transverse, which does not mean that the longitudinal 
velocity fluctuations are necessarily small. It is obvious that the nature of the collector 
surface greatly influences the a.c. collector current, which makes it difficult to achieve a good 
reproducibility with demountable systems. 


Measurements with the deflection collector, Cz, (fig. 2) show that the oscillations become 
much "”cleaner”, when the secondary electrons are retained inside the collector. Capturing 
the secondaries also decreases the amplitude of the oscillations to about a fifth, but it has not 
been possible to stop the oscillations completely by these means. The secondaries are appar- 
ently not necessary for sustaining the oscillations. 


1.4 A Study of the Transverse Beam Oscillations 


According to the results presented above, the longitudinal fluctuations are generally very 
small when interception currents are eliminated and tbe electrons that are released from the 
collector through secondary emission are prevented from reaching the beam. In the next 
stage of the experiment we studied the transverse oscillations by means of the probes under 
such conditions that this should be valid. 


The series of oscillograms in fig. 7 shows the current to the wire probes versus time. Probe 
hb was fixed and probe a had the different positions indicated in fig. 8. The measurements 


| were made with a beam current of 20 mA, an accelerating voltage of 1,000 volts, a magnetic 


probe b, fixed 
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Fig. 8. Probe positions. 
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Fig. 9. Oscillations measured with two electric probes placed as 
is shown in fig. 3. 


field of 1,000 gauss and at a pressure of 10-5 mm Hg. The phase difference between the 
position of probe hb and the two positions, 1 and 5, of probe a are, roughly, 90” and 270?” 
respectively; i.e. the phases at positions 1 and 5 are opposite (180” difference). This and the 
fact that the frequency is approximately doubled when the probe passes through the axis of 
the beam indicates that the beam has a rotational motion. The direction of rotation changes 
with the direction of the magnetic field and is the same as that of the gyro-rotation of the 
electrons. 

The next picture, fig. 9, shows the oscillations measured with two capacitive probes placed 
as is shown in fig. 3. We see that there is a phase difference of about 90” between the two 
probe curves. It has been clearly demonstrated by means of probes placed between these two 
that the fields outside the beam also rotate. The relative variation of the field along the axis 
of the tube, measured with a capacitive probe, is shown in fig. 10 for two different magnetic 


—m 


Relative 
amplitude 


w 
I 


Anode Collector 
S1T110 


Fig: 10. Electric field outside the beam region versus distance from the anode at two 
different magnetic fields; curve I 1,300 gauss, curve II 2,500 gauss. Collector current 
25 mA, accelerating voltage 900 volts and pressure 10-5 mm Hg. 


De 


ÄR 
907 
0? 
lr Fi Eg | T T RE 
0 10 20 30 40 cm 
Anode Collector 


2.010 Vilal 


Fig. 11. Phase difference, P, between the signals to two electric probes one of 
which is fixed and the other movable in axial direction. Collector current 20 mA, 
accelerating voltage 500 volts, magnetic field 800 gauss and pressure 2 : 10-5 mm Hg. 


fields. The probe was placed half-way between the axis of the tube and the metal wall. 
Measurements show that the form of these curves depends upon the space charge of the 
beam. If the beam current is halved, the curves are almost flat from the collector to about 5 
cm from the anode. 


Fig. 11 shows the phase difference between the signals to two electric probes one of which 
is fixed and the other movable in axial direction. The vertical lines represent the spread in the 
measurements. The probes are placed as is shown in fig. 3; one is half-way between the anode 
and the collector and the other can be moved from the anode to the collector region. The 
phase difference depends both on the space charge in the beam and on the accelerating 
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Fig. 12. Beam diameter versus magnetic field. Collector current 25 mA, accelerating 
voltage 900 volts and pressure 107? mm Hg. 
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Fig. 13. Electric field outside the beam 

region versus radius. Collector current 25 

mA, accelerating voltage 800 volts, magnetic 

field 1,000 gauss and pressure 2 : 10-? mm 

Hg. The field decreases with radius roughly 
as prl.5 


Fig. 12 shows the beam diameter—measured with the arrangement in fig. 6—2as a function 
of the magnetic field. The measurements are made after the oscillations have started. (The 
beam diameter is here taken as the distance between the points where the current density is 
10 2, of its maximum value. The perturbation in the diameter is independent of how the 
diameter is defined.) The accuracy of the measurements is 0.1 mm. We note that the pertur- 
bations seem to approach a constant value for strong magnetic fields. The electric field out- 
side the beam has been measured at magnetic fields up to 10,000 gauss. The amplitude and 
frequency of the field are almost constant for magnetic fields above 3,000 gauss. 


The variation of the field outside the beam region with the distance from the axis of the 
tube is shown in fig. 13. The capacitive probe was placed half-way between the anode and the 
collector; the beam current was 25 mA, the accelerating voltage 800 volts, the magnetic 
field 1,000 gauss and the pressure 2 : 10? mm Hg. 


Attempts to give a theoretical description of the phenomena have not yet been successful 
and we will only give a few concluding remarks. The measured frequency of oscillation is 
close to the resonance frequency that theoretically should be expected if the positive ions 
oscillated in an electric dipole field and the transverse displacements of the electrons were 
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negligible. With this model—assuming that the dipole rotates—we could qualitatively 
explain some of the observations. However, the displacement of the electrons due to the 
transverse drift motion caused by this electric field, will be larger than the displacement of 
the ions (at least for magnetic fields below 2,000 gauss). Furthermore, the observations that 
the beam oscillations as well as the electric field outside the beam seem to approach constant 
values for strong magnetic fields also contradict this simple hypothesis. If the beam pertur- 
bations were caused by a drift in the crossed electric (dipole) and magnetic fields, this result 
would imply, that the dipole field increases with increasing magnetic field, which is not 
consistent with the measurements. 


Phenomena in the gun region may be important for the oscillation mechanism. Measure- 
ments of the beam oscillations show that the amplitudes close to the anode and at the collec- 
tor end are comparable. 


CEPA PIHERIE2 


Electron Oscillations 


Electron oscillations were studied in the same tube as was used for the previously described 
experiments, fig. I. Two short helices were, however, introduced for modulating and de- 
modulating the beam, fig. 14. Magnetic fields of the order of 1,000 gauss were used to ensure 
that the beam should be well confined. To get a rough estimate of the density of the secondary 
electrons (created through ionizing collisions in the primary beam), the beam was pulsed and 
the current going to the collector immediately after the end of the pulse was studied. 


An amplification was obtained which varied with a factor of about three in the frequency 
range studied; the highest amplification obtained was 40 db with a distance between the two 
helices of 30 cm. The bandwidth, within which a gain was observed, was about 40 Mc/s. 
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Fig. 14. Experimental tube for studying instabilities connected with the gyromotion of the electrons. 
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Fig. 15. Signal frequency for maximum amplification versus the 
gyrofrequency of the electrons. 


Fig. 15 shows the signal frequency for maximum amplification versus the gyrofrequency 
of the electrons. The beam current was 20 mA, the accelerating voltage 800 volts and the 
pressure 10-24 mm Hg. The density of secondary electrons in the beam region was estimated to 
be three times the density of the electron beam, which means that the "plasma frequency” of 
the secondary electrons was 500 Mc/s. 


This phenomenon may be explained if we assume that the beam interacts with slow waves 
carried by secondary electrons in the beam region. As long as the velocities of the secondary 
electrons are much smaller than the velocity of the slow waves, the secondary electrons may, 
in a first approximation, be taken as being at rest. With this assumption it can be shown 
that, when w > we, slow waves can exist only in the frequency range determined by the 
relation, 

W: <w? <Ww + w? (2) 


where w, is the gyrofrequency of the electrons and w, the plasma frequency of the slow 
electrons. This relation shows that—under the experimental conditions, where w, <w— 
slow waves exist only when w— 0. 


One possible starting mechanism for the oscillations is the internal feed-back of energy 
that occurs when, as in the frequency range defined by eg. 2, the phase and group velocities 
are oppositely directed. In this frequency rang2 the phase valocity changes with th? param- 
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eters of the medium so that a continuous transition from slow to fast waves can 
be obtained. Thus the energy of the amplified waves may radiate out from the medi- 
um if the magnetic field and/or the plasma density varies along the plasma column 
so that the slow waves are transformed into fast waves. 
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Experiments on microwave propagation in a coaxial line containing a glow 
discharge in a magnetic field are described. A signal passing through the discharge 
is attenuated if the signal frequency lies within a certain band, the lower limit of 
which is the gyromagnetic frequency. The attenuation is caused by absorption of 
the signal in the discharge. According to a simplified theory, there should be a 
frequency band with low transmission, similar to the one measured, but the trans- 
mission attenuation should be caused by reflections from the discharge and not by 
absorption. 


& Electronics Department of the Royal Institute of Technology and the Research Department 
of Telefonaktiebolaget L M Ericsson, Stockholm. Now at the Microwave Department Of the 
Royal Institute of Technology. 


Introduction 


During the last few years many investigations have been made of microwave propagation 
in plasma-filled wave guides! ?. This paper describes experiments with a coaxial line containing 
a glow discharge in a magnetic field (fig. I). A microwave signal passing through the discharge 
is attenuated if the signal frequency lies within a certain band, extending from the gyro- 
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Fig. 1. Principle of the experimental tube. 


magnetic frequency up to a frequency that increases with the discharge current. Reflections 
from the discharge boundaries are found to be very small and the attenuation seems to 
arise from absorption in the discharge. The attenuation band can easily be made several 
1000 Mc/s wide. A device of this kind may be used as a microwave circuit element having a 
rapidly variable wide-band attenuation. 


Apparatus 


The tube used in the experiments (fig. 2) is essentially a coaxial line filled with argon gas 
of low pressure. A discharge is initiated by applying a voltage between the outer and inner 
conductors with the outer one as cathode. Without magnetic field the breakdown voltage is 
very high at low pressures, i.e. when the mean free path for electrons is comparable to or 
larger than the distance between the electrodes. In our experiments a longitudinal magnetic 
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Fig. 2. Experimental tube. 


field in the central region is produced by a 40 cm long solenoid around the tube. This field 
lowers the breakdown voltage and the discharge occupies a rather short region inside the 
solenoid where the magnetic field is almost uniform (PENNING?). Yet, the tube must be long 
to prevent sputtered cathode material from reaching the perspex vacuum windows at the 
ends. As the tube cannot be baked out, contaminating gases will be released from the elec- 
trodes. The effects of these gases are reduced by letting the argon gas flow through the tube 
from a needle valve at one end to a pump outlet at the other end. The pump is an oil diffusion 
pump with a liquid-air trap and gives a base vacuum of a few times 10-58 mm Hg in the tube. 
In some experiments the tube has to dissipate a power of several kilowatts, which makes 
water cooling of the electrodes necessary. 


The tube has been designed to have a characteristic impedance of approximately 50 ohms, 
and tapered transitions are used to connect it to standard coaxial components. Only the 


TEM mode can propagate in the empty line for frequencies below 2600 Mc/s. 


Three different tubes have been used, all having inner electrodes of copper, with dimensions 
according to fig. 2. The first tube (tube I) had a stainless-steel outer electrode; tube II had an 
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Fig. 3. Block diagram of the microwave set-up. 
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aluminum outer electrode and was provided with a sliding probe to measure the microwave 
field in the discharge region. The discharges in these two tubes were far from uniform in 
the axial direction (see fig. 5 below). To obtain a more uniform discharge tube III was 
constructed. It has a copper outer electrode and the central portion of the inner electrode 
consists of 26 copper sleeves, 1.5 cm long, insulated from each other by small gaps. With 
each sleeve connected to the D.C. supply through a separate resistor, an even current 
distribution over the 26 sleeves can be produced. 


A block diagram of the microwave set-up is shown in fig. 3. The signal from a microwave 
oscillator, modulated by a 1000 c/s square wave, is sent through the tube via a padding 
attenuator and a slotted line. The signal transmitted through the tube is measured with a 
detector and the reflected signal is measured by means of the slotted line. Another detector 
is connected to the sliding probe. The detectors contain 10009 c/s filters that separate the 
signal from the, usually large, noise of the discharge. 


Measurements 


Some D.C. characteristics of the discharge are shown in figs. 4 and 5. Probe measurements 
of electron density and temperature have not been attempted. In a discharge of this type 
a probe would probably perturb the plasma badly. 


The microwave measurements are made at so low gas pressures that the electron collision 
frequency is small compared to the signal frequency. At an argon pressure of 10-? mm Hg 
the collision frequency for electrons with an energy of a few eV is of the order 108 sec”!, The 
microwave power input is generally so small (< 10 mW) that nonlinearities are unimportant. 
Nonlinear effects become appreciable at a power level of about I W, and the attenuation is 
then no longer independent of the input power. 


Microwave transmission characteristics for small discharge currents (figs. 6, 7, 8, 9) have 
been obtained by varying the magnetic field, while keeping the discharge current, the pres- 
sure and the signal frequency constant. The attenuation peak observed in these measurements 
occurs at gyromagnetic resonance, i.e. when the signal frequency, f, is equal to the gyro- 
frequency of the electrons in the applied magnetic field, B. The resonance condition is 


f=2.8x102 B (MKSA units) 


At low pressures the attenuation curve exhibits secondary peaks (fig. 6). For signal frequen- 
cies above 1000 Mc/s, the attenuation caused by the discharge is very small when the magnetic 
field is much higher or much lower than the resonance value. An exception is, however, 
evident from fig. 9, which shows that at pressures around 0.1 mm Hg another attenuation 
band appears at low magnetic fields. 
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Fig. 4. Breakdown potential for the discharge in argon. 
(Tube III) 
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Fig. 5. Current distribution at the cathode for different values of 
the discharge current (I). The distarice is measured from one end 
of the solenoid. B= 1000 gauss; p= 3: 10-? mm Hg. (Tube II) 
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Fig. 6. Power transmitted through the discharge vs mag- Fig. 7. Power transmitted through the discharge v 

netic field for different values of the discharge current (I). netic field. Discharge current 30 mA; frequency 150( 

p=3:10-? mm Hg; frequency 1500 Mc/s. (Tube III.) (Tube III.) Gyromagnetic resonance occurs at the 
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Fig. 8. Attenuation of the transmitted signal. Discharge current 
0.1 A; frequency 1800 Mc/s. (Tube I.) Gyromagnetic resonance 
occurs at the dashed line. 
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Fig. 9. Attenuation of the transmitted signal. Discharge current 
0.1 A; frequency 800 Mc/s. (Tube 1.) Gyromagnetic resonance 
occurs at the dashed line. 
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Fig. 10. Attenuation band vs discharge current. B = 440 gauss. 
(Tube II.) 


For high discharge currents (> 0.1 A) the peak attenuation in the resonance attenuation 
band is so large (> 40 db) that—with our apparatus—the output signal could not be 
separated from the noise. The peak attenuation could thus not be measured. Instead the 
points on the transmission curve that correspond to 10 db attenuation were determined and 
taken to define the attenuation band. Data from such measurements are plotted in figs. 
10—14. Figs. 10—12 show how the attenuation band varies with the discharge current at 
constant magnetic field; in fig. 12 results for other gases than argon have been included. The 
variation of the attenuation band with the magnetic field and the pressure are shown in 
figs. 13 and 14 respectively. For small discharge currents the attenuation is greater than 
10 db in a narrow band near the gyromagnetic frequency. As the current is increased the 


band widens. The upper frequency limit of the band increases rapidly whereas the lower limit 
decreases only slightly. 


Reflections from the discharge were small under all conditions used in the measurements 
and the reflected power was always found to be less than ten percent of the input power. 


This indicates that the large attenuation of the microwave signal must b2 caused by absorp- 
tion in the discharge. 
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Fig. 11. Attenuation band vs discharge current. B = 440 gauss; 
p=3 10-? mm Hg: 
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Fig. 12. Attenuation band vs discharge current. B = 440 gauss; 
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Fig. 14. Attenuation band vs 

pressure. Discharge current 

1A; B = 440 gauss. (Tube 
ITIL.) 
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Fig. 15. Radial electric R.F. field. The probe position is measured 

from the input end towards the output end. Discharge current 

330 mA; frequency 2000 Mc/s; B = 940 gauss; p= 10-? mm Hg. 
(Tube II.) 


A comparison between data from tube II, with an axially non-uniform discharge, and 
tube III, with an almost uniform discharge, shows that axial non-uniformities do not have a 
major influence on the width of the attenuation band (fig. 11). Nor does the band change 
greatly with the pressure within the pressure range 10-?—10-! mm Hg (figs. 14 and 10). 


The wavelength in the plasma was measured by means of the sliding probe and a phase- 
sensitive detector arrangement. Deviations from the free-space wavelength were found at 
signal frequencies near the gyromagnetic frequency. The wavelength was shorter than the 
free-space wavelength at frequencies below the gyromagnetic frequency and longer at frequen- 
cies above it. It was also found that the radial electric R.F. field could sometimes be greater 
in the discharge region than in front of it. The effect was large at frequencies just below the 
gyrofrequency; in fig. I5 the maximum field in the discharge is 2.5 times the field outside. 
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Comparison between Theory and Experiments 


In order to see how the experimental results compare with the theory of microwave prop- 
agation in plasma-filled waveguides (SUHL and WALKER”, AGDUR”), we will here discuss the 
propagation in a plane plasma cable (fig. 16). The cable consists of two infinite parallel 
conducting planes (at y=-65) bounding a homogeneous plasma magnetized in the propa- 
gation direction (z-axis). The microwave fields are assumed not to vary along the x-axis. The 
modes that propagate in this structure will exhibit all the salient features of those modes in 
the coaxial cable that have no azimuthal variation—provided the distance between the 
conductors of the coaxial line is small compared to their radii. 


AGDUR? has arrived at the following characteristic equation for the antisymmetric modes 
(E, and B, antisymmetric with respect to the x—z plane) in the plane plasma cable: 


3 
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and n = electron density 


B = static magnetic field 

Pp = propagation constant 

Po= propagation constant for free space 
c = velocity of light 

v = phase velocity 

20 = free-space wavelength 
(MKSA-units are used) 
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Fig. 16. Plane cable filled with plasma magnetized along propagation direction. 


The characteristic equation was obtained by solving Maxwells equations with appropriate 
boundary conditions under the assumption that all field components vary as exp I j(wt—Pz)$. 
The plasma was assumed macroscopically neutral and collisions and thermal velocities were 
neglected. 


We will here give solutions of equation (1) for the case when the distance between the 
planes, 20, is small compared to the free-space wavelength. Only the TEM-mode will then 
propagate in the empty cable. The discussion will mainly be limited to the dominant mode 
which originates from this mode; following SUHL and WALKER? we will call this the TEM- 
limit mode. 


If & AZ 1 an approximate solution of (1) is given by 


k?e3 
3 


2) 


This solution corresponds to the TEM-limit mode and the approximation is valid except 
for e&, X 1. Neglecting the second term on the right we get 


Ch 
(63) (22) 


which is very similar to the corresponding equation for the extraordinary plane wave in an 
unbounded plasma magnetized in the propagation direction: 
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Fig. 17. Phase velocity of the TEM-limit mode. Higher order modes exist in 


the shaded regions. = << 1: 
[6] 
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The solution (2a) is plotted in two (2) vs — diagrams (figs. 17 and 18) which also show the 
C [OR 

regions in which other (incipient) modes exist. Symmetric modes are obtained from a char- 

acteristic equation very similar to eg. (1). All the symmetric modes are incipient and exist in 

the same regions as the antisymmetric incipient modes. Unlike the TEM mode in the empty 

waveguide, the TEM-limit mode has field components in the propagation direction. The 


field for the solution (2a) is 
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where 


FST LRA 
mi, = Po Mio 


The TEM-limit mode propagates in the frequency region below the gyromagnetic frequency 
with a phase velocity smaller than c and a wavelength smaller than the free-space wavelength 
(figs. 17 and 18). In the region w. <w < Vom? OR the TEM-limit mode is ”cut-off” and 
corresponds to an evanescent wave with an amplitude decreasing as e7-l8l? in the propagation 
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direction. Higher order modes may, however, propagate at these frequencies. At frequencies 
above the "cut-off” band the TEM-limit mode is the only propagating mode, and has a phase 


velocity larger than c. 


Let us now consider a coaxial cable—such that the theory for the plane cable is applicable 
—in which a section is filled with homogeneous plasma. An R.F. signal, propagating in 
the empty cable towards the plasma boundary, excites mainly the TEM-limit mode in the 
plasma, if the frequency is outside the "cut-off” band. The reflections from the boundary 
should be small (except near the "”cut-off” limits) and the transmission through the plasma 
large. For frequencies in the "cut-off” band the signal may propagate in the higher order 
modes through the plasma. However, the reflections should be large in this case, as the field 
configurations of these modes are very different from the field configuration of the TEM 


mode. 


The agreement between the experimental results and the idealized theory is only partial. 
There is, in both, a band with low transmission that extends from the gyrofrequency toward 
higher frequencies. Also, the measured variation of the wavelength in the plasma with fre- 
quency is consistent with the theory. However, there is an important diserepancy: whereas 
in the theory the low transmission should be caused by reflections, the experiments show 
that it is caused by absorption. 


At present we have no satisfactory explanation of the absorption. If collisions are taken 
into account in the case of a plane wave, eq. (3) is modified to 


= (4) 


where » is the collision frequency. When >< 1 (as in our experiments), the influence of 
the collisions should according to (4) be large only in a narrow frequency band around the 
gyrofrequency with a bandwidth A w, where 20 is of the order = For physical reasons 
this should hold for the TEM-limit mode also. The discussion above (predicting reflections) 


should therefore still be valid, except in the band Aw. 


The plasma in the experiments is not homogeneous, but has large variations in density 
both in axial and radial direction. The experiments indicate that the axial inhomogeneities 
are not important for the absorption effects. The radial density variations may, however, be 
of major importance. 
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The interaction between signal and idling waves in a filter ladder containing 
non-linear reactances and exposed to a pump wave is investigated theoretically. 
The cases of homogeneous lines and circuits with concentrated elements are 
considered. Satisfaction of certain phase and dispersion conditions leads to wide- 
band parametric amplification. The properties of such systems are determined. 
From the theoretical results filter structures applicable to parametric ampli- 
fication can be derived. Various filter structures of low-pass and band-pass 
types which are suitable for different frequency ranges are treated. 

Finally the influence of losses and generation of noise are determined. Different 


measures to minimize the noise figure are discussed. 
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Introduction 


Parametric circuits are distinguished by the fact that they contain a non-linear reactance 
varying with time in synchronism with an applied pump voltage having an angular frequency 
Wp. A signal having an angular frequency w, is applied to the circuit, and a mixed voltage, 
i.e. idling voltage with an angular frequency w; = Wp + Ws, 1S generated in the circuit 


by the non-linear reactance. Parametric circuits may work as frequency converters or am- 
plifiers. 


Parametric amplifiers with the frequency relation w, +w; =, have recently attracted 
great attention, and they have been treated in several papers. The great advantage of these 
amplifiers is the fact that they have a low noise figure and that solid state amplification 
can be carried out. The parametric amplifiers with a simple parametric circuit that 
have been built have a very small bandwidth, and in order to obtain the large bandwidths 
desired, it was necessary to apply parametric travelling-wave amplification. Parametric am- 
plification of electromagnetic waves in two homogeneous lines with non-linear coupling has 
been treated by P. K. TIEN and H. SuHL,5? and parametric amplification of space-charge 
waves in an electron beam has been described by W. H. LOUIsELL and C. F. QUATE?3. 


The principles of parametric travelling-wave amplification can easily be understood if a filter 
ladder containing distributed non-linear reactances is considered. A signal and a pump wave 
are applied to the filter ladder. Small-signal theory is valid, meaning that the signal amplitude 
is considerably smaller than the pump amplitude, and that the time-varying reactance caused 
by the pump wave is small. By mixing of signal and pump voltages in the non-linear reactances, 
harmonics with the frequencies mw, + nm, are formed. As small-signal theory and a certain 
filter structure are assumed, only the idling frequency w; = w, — W, is considered. Thus 
from the distributed non-linear reactances, idling wavelets are emitted in both directions. 
In order to obtain a strong interaction between signal and idling waves these idling wavelets 
should add in phase in one direction, which requires the satisfaction of certain phase con- 
ditions in the filter ladder. This integrated idling wave is in turn mixed with the pump 
wave, with the result that signal wavelets adding in phase with the incident signal wave are 
emitted from the distributed non-linear reactances. In these circumstances coupled pairs 
of signal and idling waves are obtained. Power is transferred from the pump wave to the 
signal and idling wave, and thus the signal wave is amplified. 


There are similarities between parametric travelling-wave amplifiers and travelling-wave 
amplifiers utilizing the coupling between waves in an electron beam and a slow-wave structure. 
The mechanisms of amplification are different, but the signal and idling waves are coupled 
to each other in a way similar to that in which the waves in an electron beam and a slow- 


wave structure are coupled to each other. 
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In an ordinary travelling-wave tube the waves in the electron beam and the slow-wave 
structure have parallel group velocities, and an amplifier with exponential gain and wide 
bandwidth is obtained. In the same way parallel signal and idling group velocities will give a 
stable amplifier having exponential gain and wide bandwidth. 


In a backward-wave tube the waves in the electron beam and the slow-wave structure have 
reversed group velocities, and as a result of the feedback caused by the reversed group 
velocities, a regenerative amplifier having a narrow bandwidth is obtained. In a parametric 
travelling-wave amplifier, reversed signal and idling group velocities will introduce continuous 
feedback along the filter ladder, and the amplifier will be regenerative and narrow-banded. 
The wave pattern of the backward-wave parametric amplifier is similar to the wave pattern 
of the backward-wave tube. The signal wave amplitude varies according to a cosine curve with 
maximum amplitude at the signal output. If the coupling between the signal and idling waves 
is strong enough, the amplifier will burst into oscillation. Like the backward-wave tube the 
backward-wave parametric amplifier can be used as an oscillator tunable over a wide fre- 


quency range. 


In the following the treatment will be confined to forward-wave parametric amplifiers 
giving stable, unidirectional gain and wide bandwidth. 


The purpose of this paper is to show the methods of calculation that can be used for 
calculation of amplification, bandwidth, phase condition and noise figure for a parametric 
travelling-wave amplifier, as well as to obtain the different types of circuits to be used for 
parametric travelling-wave amplification. The theoretical treatment in chapter 1 follows 
principally that of P. K. TIEN and H. SuvHL,!;? but the theory has been expanded to include 
circuits with concentrated circuit elements. The calculations have been made for the case 
where the non-linear reactance is a voltage-dependent capacitance inserted at an arbitrary 
point in the parallel susceptances of a filter ladder. 


The calculations show that parametric travelling-wave amplifiers can be classified on 
theoretical principles into three groups according to the three phase conditions necessary 
for the amplification, and satisfied by signal, idling and pump waves. The circuits for para- 
metric travelling-wave amplifiers are classified according to the circuit elements that are the 
fundamental elements of the circuits. The circuits can then be built of LC-circuits, 
transmission lines or periodic slow-wave structures, as well as according to the number of 
pass-bands used in the circuits. 


When classified according to the fundamental elements these circuits are treated sepa- 
rately in chapters 2, 3 and 4. 


In chapter 5 the effect of losses in a parametric travelling-wave amplifier is discussed. The 
wave propagation is investigated in a lossy circuit. The generation of noise is investigated in 
chapter 6, and different measures to minimize the noise figure are discussed. Chapter 7 gives 
a final discussion of the results. 
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Theoretical Treatment 


1.1 Parametric Circuit 


In the calculations, a filter ladder with the series reactance jX and the parallel susceptance 
jB is assumed. A pump wave having an angular frequency wp, and a signal wave having an 
angular frequency w, are applied to the circuit, and an idling wave of angular frequency 
W; is generated by the non-linear reactances inserted in the filter ladder. For parametric 
travelling-wave amplification, power is transferred from the pump wave to the signal and 
idling waves. The frequency condition where w, + w; = Wp, iS always satisfied. In the 
following, it is assumed that w, = w;. This assumption does not restrict the validity of the 
calculations, but has been made because the amplifier has a lower noise figure when w, < w;. 
The frequencies can simply be reversed. 


X 11050 
Fig. 1. Equivalent circuit for parametric travelling-wave amplifier. 


For the reactances and susceptances of the circuit, 


tå SE (1) 
at frequenc 
req y Ws BaoBi 
NEG 
at frequency 0; 2 
req M i re B; ( ) 
K= 
t frequenc Z 3 
at frequency wp - (3) 
hold true. 
ps is signal wave phase shift per section 
pi; is idling wave phase shift per section 
QPp is pump Wave phase shift per section 
(Z)s is the characteristic impedance of the circuit at signal frequency 
(Z):i is the characteristic impedance of the circuit at idling frequency 
(ZY, is the characteristic impedance of the circuit at pump frequency 
81 
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Susceptance B contains a capacitance inserted at an arbitrary point —a varicap—having a 
static d.c. capacitance Ca (V) and a dynamic a.c. capacitance C, (7). The values of the 
capacitance depend on the applied d.c. voltage 7, and provided the a.c. voltage is small, the 


following holds 


de = dCje = 
CNG =» 4 
(V) = Cac JV V (4) 


A pump wave giving a voltage V, across the varicap is applied to the circuit, and the wave 


propagates according to 


V 


i j(w,t-nN:P -j(wW,t-Nn: 
än TR är få (5) 


where n is the number of filter sections from the filter input. This pump wave now causes the 


varicap to vary with time according to 


C = C, + AC [e/l(ept-nep) + ge i(0pt-nP p)] (6) 


dC 
where AC = ST (V)), provided AC < C,. 


1.2 The Coupling between Signal and Idling Waves 


This varying capacitance causes a coupling between signal and idling waves for which an 
expression must be found. For this purpose susceptance B is considered and a signal vol- 
tage V,: ej”st and an idling voltage V;-e-/”it are assumed to be applied to this susceptance 
B. When the currents and voltages are now calculated in the susceptance B, it is assumed that 
the time-varying part AC of the varicap is so small that a perturbation calculation is 
permitted and that second order terms of mixed currents and voltages can thus be neglected. 
The same assumption must be made later to solve equation (13). 


Alesse V. :edJwt 
edwit NV i-e-twit 7 EE 
Alj: CIA (j:e | Vj:e-Jw;t 

liv)s el fly. edwgtl] 
iv)ie e"iwit V-e'iw;t JE 
CT JB, 
Xx 11051 


Fig. 2. Susceptance B with coupled varicap. 
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The signal and idling voltages across susceptance B produce currents (i,),:'ej”st and 
(i,);' e it through the varicap, and these can be written 


(i,)s PS =Jjbs VS ejost 
(7) 


(fiera Ore i 


The terms b, and b; can be easily calculated if the circuitry of susceptance B is known. The 
signal and idling currents through the varicap are now mixed with the pump wave, and thus 
mixed currents are obtained that can be written 


| d ; | 
NO ke AC| el pt np 5 e-apt= 90 | SE le or 
dt =10:Cy 


(8) 


: d | ; ; 
Ab) ,e lö | NG E (opt =P) + e-i(0pt 00 | (i,), ej2st | 


joC, 


The mixed voltages Av, -ej”st and Nv;: ei! across the varicap correspond to these mixed 


å 1 : é : 
currents. According to Av =-— C A(i,), and introducing equations (7) and (8), these volt- 
JOCy 
ages can be written 
: A Cb; . | 
Av; « el9st = V;elost «e-INPp 
w;Cy 
(9) 
z ANCb, a ; 
Nv;- e-Joit = - Vse-Iojt. elnPp 
OC 


The mixed voltages across the varicap generate the mixed currents Ai,:ejest and Ai;: 
:e-jojt through susceptance B, and these currents can be determined by means of the 
reciprocity theorem. According to equation (7), the currents generated through the varicap 
by the signal and idling voltages across the susceptance are known, and as the susceptance is 
contained in a closed network, the reciprocity theorem holds true. According to equation 
(7) the currents generated through the susceptance by the mixed voltages across the varicap 
are known and may be written 


b.bAC 
/ WC) 
bb; AC 


- Velg s ejnPp 
COME 


Ni,«efost = V;elost. p-inPp 


(10) 


INirs ens oe SJ 


According to equation (10), the coupling between signal and idling waves is known, and thus 
treatment of the wave propagation in the filter ladder may be proceeded with. Depending 
on the values of reactances and susceptances, different methods of calculation can be used; if 
BX <1, the circuit can be treated as a homogeneous line, and if 0 = BX = 4, the circuit 
must be treated as a filter ladder with concentrated circuit elements. 
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1.3 Homogeneous Lines 


Assume BX < 1, and the circuit can then be treated as a homogeneous line. The number 
of filter sections, n, from the circuit input will be used instead of the distance along a homo- 
geneous line, and then the phase shift & per section will replace the wave propagation cor- 
stant for a homogeneous line. With these conditions, the equations below hold for the cir- 
cuit. 


FE XT 
ps = VIBSG (Z)s - Ve 
s 


At z 
pi= VBiXi (Zi = Ve (11) 

26 

Qlpa VBK (Z))p = Ts 

p 


Let V(n)ej”st, Vi(n)eivit, In) ej”st, and I;(n)eJ?it be the voltages and currents of 
the signal and idling waves in the circuit. Then 


dVs(n) ; 
Fe —- jXsIs(n) 
dn 
dIs(n) bb; AC 4 
= -— BV; = - i «oo nP 
2 J (0) = oc KiElenir 
(12) 
dV,; 
LD) = jX;I;(n) 
dn 
d[; bb; AC j 
DER == Vy(n) > ejntp 
dn WC) 


hold true. 


Combination of the first equation with the second and the third with the fourth yields 


dVs(n) bsb;AC n 
dn? = — BAG Vi(n) — AS BG Vil(n) "e-inPp 
(13) 
dVi(n) bb; AC 
dn? SS B;X; Vil(n) = X; D.C Vs(n) « eiNPp 


Waves with the time dependence e-jost and ej”it give the same equations, but with conju- 


gate complex numbers. 


Irrespective of the perturbation terms, equations (13) have the same form as the ordinary 


: é ANG 
wave equations for homogeneous lines. Assuming — & << B, the equations can be 
SC 


v 
treated by means of a perturbation theory. 
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1.31 Coupling Conditions 
In order to obtain parametric amplification, one of the following three phase conditions 


| must be satisfied 


| 
| 


Po = Ps + Pi Paper Pi En (14) 
The phase shifts p are assumed positive. 


For each phase condition satisfied, a number of wave pairs coupled to each other are 
obtained. 


When the phase condition pv, = p, + p; is fulfilled, the coupled wave pairs will be 


Vs(n, t) = As(n) eil0st-nes) Vs(n,1t) = AF (n)e Iest=nPs) 
| ) (05) 
Vi(n, 1) = At(nje io = ned Vi(n, 1) = Ai(n)ei(oi- ne) 
| When the phase condition p, = p, — p; is fulfilled, the coupled wave pairs will be 
| | Vs(n,t) = Es(n)ejlest-nes) | V;(n,t) = CE (n)e Ilest- nes) 
. . (16) 
| Vin, 1) = CH(nje Heiutned Vi(n,t) = Ci(n)ei(wir+ned 
| When the phase condition &, = 9; — ps is fulfilled, the coupled wave pairs will be 
| Vs(n,t) = Ds(n)ei("st+ne) | Vin, 1) = Di (me ist+nes 17) 
| (17 
Vin, 1) = DF (n)e ii = ned Vi(n,t) = Di(n)eiCi= ned 


| The disposition of the wave pairs shows that there is amplification in only one direction, and 
thus a signal reflected due to mismatch is not amplified when returning. 


In determining the coupled wave pairs in (15), (16) and (17), the phase conditions in (14) 
are assumed to be satisfied for the signal and idling frequencies, since if one of the phase 
; conditions (14) is met with for higher mixed frequencies, new coupled wave pairs will be 
obtained at these frequencies, and these coupled wave pairs absorb pump power. This has 
been shown by G M RoE and M R BovyD? for a zero-dispersion line, where all the mixed 
frequencies meet the first phase condition in (14), thus forming coupled wave pairs. In such 
a line, the amplification of the signal wave will be negligible, and the pump power is converted 
into a whole spectrum of mixed frequencies. However, this assumption of the range of validity 
for the phase conditions does not limit to any large extent the validity of the calculations. 
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1.32 Calculation of the Amplification 


The first wave pair in equation (15) is introduced into equation (13). Since the perturbation 


: dA . 5 
terms are small E can be neglected compared to 9 dö and the following are obtained 


dn? 
. dAs(n) bb; AC 
2 = Aer 40 
(18) 
RO) bb; AC 
UR SN 
These equations are combined and yield 
d?A; I RRG RANENS 
El Sd T ) Tr 
PsPi sö; v (19) 


247 XX; bb; ACN ? 
d CA; (rn) 1 NA S 3 Ai (n) 
dn? 4 PsP:WsWi (65 
'The remaining wave pairs can be treated in the same way and the results will be, 


if the phase condition 9, = p, + pi is satisfied, differential equations according to (19) are 
obtained for the wave pairs in (15), 


if the phase condition qp, = p, —p; is satisfied, the following differential equations are 
obtained for the wave pairs in (16) 


se oh KG ARNE 
= SA 2 Cs(n) 
dn? 4 psPp:w;Wi (65 (20) 
PCM 1 KK (BbAC orm 
RA PsPiWsWi (GR äl 


and if the phase condition p, = p; — ps is satisfied, differential equations according to (20) 
are obtained for the wave pairs in (17). 


The solutions of differential equations (19) and (20) become exponential or periodic 
functions due to the signs of X, and X;. The periodic solutions lead to parametric backward- 
wave amplification, where signal and idling waves have group velocities with opposite 
directions, and according to P K TIEN?, this amplification is unstable and principally narrow- 
banded. In this paper, interest lies only in wide-band parametric amplification, and thus 
only circuits leading to exponential solutions of differential equations (19) and (20) will be 
dealt with. In fulfilling the phase condition 9, = p, + 9P;, exponential solutions are ob- 
tained when X, and X; have the same sign, and in fulfilling one of the two remaining phase 
conditions, exponential solutions are obtained when X, and X; have different signs. 
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| 


Exponential solutions of the following type are obtained for the wave pairs in (15) 


b.H;AC EG 
ES V SENS 
(3 Cy Ps Pj 03 


Consider the boundary conditions at the filter ladder input 


| Vy(n = 0,1) = Vå « ej(wst+0) 
Vi(n = 0,7) =0 


and by means of (18) the following solutions are obtained 


Vs (n, t) = Vy cosh | 


iZi . 1EBOANG XX; 
Vilt) =JiK5 va sinh] 


il SEAN G 
2 6 PsPi:WsWi 


OA 2807 PsPiWsWi 


n ekost-nost 0) 


n | e-i(wjt-np;- 0) 


(21) 


(22) 


(23) 


From the expressions for the signal and idling voltages in (23) it is seen that MANLEY-ROWE? 


power relations are fulfilled, and for signal power P, and idling power P; 


holds true. 


das (FN 125 
Zn TM 


(24) 


If the circuit has a length of N filter sections, the amplification F expressed in db for the 


signal wave will be 


1 6bAG NG 
2; PsPiWsWi 


F= 20 10og cosh É 


I 


(25) 


The remaining wave pairs in (16) and (17) are treated in the same way, and similar solutions 


and expressions are obtained for the amplification. 


1.33 The Bandwidth 


In order to obtain wide-band amplification, the phase condition in (14) should be satisfied 
within the largest possible frequency range. Assume the pump frequency to be fixed, and let 
the signal and idling freguencies vary. In this way the following wide-band conditions are 


obtained. 
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If the phase condition q,=-p,+ "pi; is satisfied, 
dp dp 
TER 20 


If one of the phase conditions q,=-p;- pi; and qY,=i- ps is satisfied, 


d d 
(2) = (2) - 0 (27) 


holds for the phase angles. 


holds true for the phase angles. 


Equations (26) and (27) imply that the signal and idling waves have the same group velocity. 


In order to calculate the bandwidth of the amplifier, expressions for the amplification are 
necessary when the phase conditions in (14) are not exactly fulfilled, but can be written 


Pp = Ps + Pit ÅP; Pp=Qs - Pit ÅP; Pp= Pi Pst ÄG; (28) 


Assume Aqp <q. The coupled wave pairs will then be the same as those in (15), (16) and 
(17). It is decided to treat the first wave pair in (15) and introduce the corrected phase angles 


ps = ps + ks AQ; pi= pi + kg; ko+ki=1 Pp = ps + Qi (29) 


1 : E 2 3 
According to P K TIEn,? k, =k; = and introduction of the first wave pair in (15) into 


; : ; S d>A 
equation (13) then yields (provided that the perturbation terms are small so that In can be 
n 


5 dÅ 
neglected compared with q& i and with Av < qv) 


. dA,s(n) bb; AC 
= (DYNA) = 2jog, —==L 
psApAsln) — 2jp då DC: i (n) 
30 
:  dA;(n) bb; AC Ch 
ONDE (n) + 2jq; = — X; AW) 
dn FYLCR 
These equations are combined and give 
AEA (na ÅK bb; NCN? 3 
dn? 4 FN & ) (Ap? Jaso 
2-2 KSAG bb; ACY? Awy |A? Ca 
dn? 4 LPsp:wsWw; & FAT Ja gu 
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| Interest only lies in the decrease of the amplification given by a divergence from the phase 
conditions in (14), and thus only the exponential solutions are considered where 


(DJAKSNE 
C: (32) 


For the wave pairs in (15), solutions are obtained of the type 


SG 


Aq)? £ 
SA PsPiwsWwi 


[XX (23 


2 
++ = )-a z 
E Ci (Ap)n 


Ps Pj 050; 


(33) 


The boundary conditions (22) are considered at the filter ladder input and by means of (30) 
the following solutions are obtained 


S 
26 DNE (34) 


1 : 
Vin; t)= Vi) | sosh G en) Ag sinh G en) | ejlost-nps+ 0) 


(0 OT 1 - 
Viln, t) Or sinh G en) e-i(wit-ny;- 0) 


where &=|/ Fr - 


2 
PsPi0sWi C; ) (Cr 


From the expressions in (34) is evident that MANLEY-ROWE? power relations according to 
equation (24) are satisfied. 


The circuit has a length of a number of filter sections N, and then the amplification F of the 
| signal wave expressed in db will be 


2 
Fö rlog | cosh? G en) AT G en) | (35) 


5? 


The remaining wave pairs in (16) and (17) can be treated in the same way and give similar 
solutions and expressions for the amplification. 


1.4 Circuits with Concentrated Elements 


The treatment will now proceed to consider parametric travelling-wave amplifiers where 
the reactances and susceptances inserted in the filter ladder have such large values that the 
approximation to a homogeneous line is not permissible. The frequencies lie within the 
transmission range of the filter ladder, where 0 = BX 4 holds true, and the calculations are 
made by using filter theory. The filter ladder consists of zt- or T-sections built up according 


to fig. 3. 
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-section 


Fig. 3. z or T-section inserted in the filter ladder. 


For the characteristic impedance and phase shift per section of the filter ladder at the actual 


frequencies, the following equations hold true: 


For a ladder composed of zt-sections, the following equations are obtained 


(Zi = Vår i = 
V RR 
XV 1 


X 1 
(Z)p = VE ( SRA 


920 


(36) 


(37) 


For a ladder composed of z-or T- sections, the equations below are obtained: 


s 1 
Sin ps; = Vax, (1 FH BX,) 


1 
sin ga= VB: (14 8) (38) 


| | 1 
Sin pp = Vaa -3 200) 


According to equation (10), and knowing the coupling between the signal and idling waves, 
expressions can be found for the amplification. From the coupling terms (10), it follows 
that the condition for obtaining parametric amplification is that one of the phase conditions 
in (14) is satisfied, and then the coupled wave pairs will be the same as those contained in 
equations (15), (16) and (17). 


| 

| It is decided to treat the first wave pair in (15), where 9; + 9p;=q9,. A ladder of 
T-sections is assumed, and in order to calculate the amplification, a filter section is 
investigated where the voltages and currents at the input are (V),e”st, (V)ie Fit, 

| (I),e/”st, and (I),e 7”it, and at the output (V;)ae/”st, (V)ae it, (IsJ)aej?st, and (I)se Fit, 


| After introducing the coupling between signal and idling waves, the following relations 
| between voltages and currents are obtained: 


1 1 1 
(732 = Va | 1 = 35 BiXe] = AG [1 > 7 BA] Vi BAS DIG OA; 


1 
| (T5)2 Fö (AM [ 5 BX; | ER (KIDS (COS ÖSK; = (VI), JÖs 


(39) 
1 1 1 kil 
I (VD= | 1 RR BX; | Se RE nä B.X, | AV 3 Ö;X; + COM Ö; XX; 
1 1 : 
(192 = (1, | 1 = 3 BX | + OB 38 (VI 
where 
— bsb;AC 
IT Re 
(40) 
SF BDAG 
ci (NER 


Si 


1.41 Calculation of the Amplification 


To be able to calculate the amplification some simplifying assumptions are made. Assume 
the filter section to lie midway along a filter ladder of infinite length, and to be matched in 


both directions. The following can then be written 


(FD 


(Z)s = = 
J5 i 
(03 (Åh Ad 
(KV) (VD 

(20) (9 (ÅR 


Furthermore, assume that the signal and idling waves have been coupled to each other by an 
infinite number of filter sections, so that a state of equilibrium between these waves has been 


reached, and thus 


(TE | (V)2 
(Ph |D 


and since, at the same time, the phase condition 9; + Pp; = P, must be fulfilled, 


EON GO 


ÅA cd 


holds true. 


For the calculation of the amplification a perturbation calculation is applied and all the 
perturbation terms of second order neglected. Introduce K according to equation (42) into 
equation (39) and assume the characteristic impedances(Z,), and (Z,); to contain perturbation 
terms compared with the impedances for the uncoupled line, 


1 
(Z); = VE € 385) [1 + AJ 
(43) 


/ 


Ne il 
Ab VS SENDA ; 
(Zi Vält -3 8) 0400 


that are introduced into equations (39) and yield 
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> 1 +jAssin q, es RN 
(V)2= (Vie 2 


1 
COS = ps 
(1)2 = (I)ie7?sA Il —jAssin qpsel?s = ds, - : ej:ri. ej? 


ST si Ps 


| (44) 
| é UFR 
| . f iA; H PD RR SR a I öda NR 
(V)2= (VI e?i SR er KeJs. e-Jvi 
COS = Ps 
2 
COS = Pi; 
å : 3 1 iX; 2 | | 
(I) = AN isl +jÄGSin q;ePi+j 5 a ÄRA 
RE sin3 Pi 


 Considering the assumption in (41) for equations (44), ÅA, and A; can be expressed in terms 
of K as follows 


I ÖX, — ejkesten 1 


Ås= — 
4 ÖR 1 ; SLR RT 
FTLNO GE il 3 Ps 
45 
KR I ö.X, — e-ii0ste) SE 
EA . sl 
| NG SIn &; Sin 2 Pi 
: which, when introduced into (44) yield 
4 di VAG eji(0ste) 1 
(V)2 ( Vs),e?s 1 J 1 i KR 
25 Pi Sin as 
(46) 


E RÖRA e-Juoste) 
(VF) = (V),&i I SR ARS = =S 


1 Säl 
COS 2 Ps Sin 3 Pi 


Now consider also the assumption in (42), and K can then be solved from (46). 


ÖS VE € = i; 5.) 


K— 23 = —L jäst ej) (47) 


Xx, 1 
ÄN (1 -3 82) 
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It is evident from expression (47) for K that for the filter section, MANLEY-ROWE? power 
relations are satisfied and can be written 


(V5)2 (2 rå (Kd (I)7 (V))a (I)2 ve (Va (ÖN 


(48) 
Ws VW; 
Equation (47) for K is introduced into equations (46) and yields 
| Ö0;XX; 
(K)a= (Irene 0 1=F NG | 
2 V sin pssin &; 
(49) 


(EEE GA 
he | - sen / SKEN 
(Va Oe a 23 RT 


In the case of homogeneous lines there was only interest in exponential solutions of differ- 
ential equations (19) and (20), and for circuits with concentrated elements this corresponds to 
the fact that the expressions within the brackets in equation (49) are real, which is realized 
on the same conditions that are required for exponential solutions in a homogeneous line. 
Thus solution (49) corresponds to the exponential solution (21) for a homogeneous line, 
and if the boundary conditions (22) are considered, the following solutions are obtained 
by means of expression (47) for K. 


(12 ED) (1 EE 
V(n,t)= V, + 2 V singssin &; 3; sin ps sin &; 


n 1 / ÖSOLKEXG n 1 ÖSÖJA GA 
Ö;Z; 0 2 V sin 9ssin qv; Ö 2 V sin 9,sin q&; 


Ös£s 2 


) ej(est—nps+ 0) 


(50) 


Viln,t) =jVq 


e-i(Wit—np;—O) . o-jH9Ps +) 


The circuit has a length of N filter sections, and amplification F for the signal wave will be 


a 20108 3) (1 SE SN EN (RE &Å 
0 +3V Sin ps Sin p; 0 V Sin ps Sin p; Ch 


The remaining wave pairs in (16) and (17) are treated in the same way, and similar solutions 
and expressions for the amplification are obtained. 
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1.42 The Bandwidth 


In order to obtain wide-band amplification, the phase condition in (14) should be satisfied 
within the largest possible frequency range and these wide-band conditions are expressed in 
2quations (26) and (27) and hold also for circuits with concentrated elements. 


| In order to determine the bandwidth, the amplification must be calculated when phase 
conditions (14) are not exactly fulfilled, but can be written according to (28). The phase 
divergence is assumed to be so small that the coupled wave pairs will be the same as before. 
Now restrict the treatment to the first wave pair in (15), introduce the same assumptions 
used when the phase condition was satisfied, and follow the same sequence of calculation as 
far as to equation (46). Corrected phase angles, 


; | ; | ; 
Ps =9s+ 35 AP pi=9it 3 AQ Pst Pi= Pp 


are now introduced into equation (46) and the following obtained 


RS [IOsX, eJHP5Te 
(Vs) = (VIje Ps 11 +ja Ape VA 


ETEN 
COS 35 Pi Sin: Qs 


(52) 
RAR 1 1 Ö;X; e-ii0stv;) 
(VJ2 = (V),e?i 1 213 Ap+ja 1 
COS 2 Ps sin 2 Pi 
By means of the assumption in (42), K can be solved from (52) and becomes 
1 SSI 
os = ps Sin — Q; 
2 2 | ÖsÖ; XX; : I 
= AV Am)? rej2Pste) SS 
ER Ö;X; lärs 4 Sin ps sin q; (AR) FÄR 2) 


From the expression for K it is evident that MANLEY-ROWE? power relations according to 
(48) are satisfied. 


Expression (53) for K is introduced into equations (52) and yields 


WERE 


Sin ps Sin p; 


(V3)2 - ee IIS 23 SÅ - (Aq)? | 


(54) 


ef SSR ; 
(VJ2= (VIie?i É 3 TV sin q; - (Å9) | 


IS 


Solution (54) corresponds to the exponential solution (33) for the homogeneous line, and as 
there is only interest in the decrease of amplification given by the divergence from the phase 


condition, 


ÖsÖXSX; | (55) 


Sin 9; Sin p; 


(Aq)? < 


holds true. 


In taking into consideration the boundary conditions (22), by means of expression (54) for 


K, the following solutions are obtained 


n ie fed e(1+36) m(1-355) 
EE 


| Vd =", 5 ES 5 
gilest—nes'+0) 
lar ÄG = va ER 
| Ork ( 2 2) a ( 2 
EV X;B; € Dä 4 B.x,) 
eg i(wWit—-nP;'+O) . p-JiPst?) 
where 
0 et (Aqp)? 
sin ps sin p; 


The circuit has a length of N filter sections, and amplification F for the signal wave becomes 


pros [H030) (297 [030-200 
0 0 0 0 


(57) 


The remaining wave pairs in (16) and (17) are treated in the same way, and similar solutions 
and expressions for the amplification are obtained. 


1.5 Summary of the Results 


The theoretical results will now be summarized and formulas proposed that are essential 
in constructing a parametric travelling-wave amplifier. 
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In order to obtain parametric travelling-wave amplification, the frequency condition 
'Wst Wi; =Wp, and one of the following three phase conditions must be satisfied 


1) ps+ pi= 9, 2) Ps Pi = Pp 3) pi— Ps =p 


The first phase condition is written for a homogeneous line 


VB,X, + VBiX;= VB,X, (58) 


and for a circuit with concentrated elements 
| 1 1 1 ör 1 
| 1— —- B;X; [ax I-=BX 1-—-- BX, I B;X,; -—- —- BiX; ) = 
(1-3 8x) Vx (1-380) + (1-3 520) 4 50 (1-3 50) 
i 
= V/ B,X, 1-7 B,X, (59) 


The second phase condition is written for a homogeneous line 


(SS a 
V BA, V B;X;= V B,X, (60) 


| and for a circuit with concentrated elements 


1 f 1 1 ji 1 
& =E NN (NEN IBEXG (ETT = 
( 5 BX) VB d a Bs ) ( > Bs )V ( Z :) 


i 
= VERA ( -3 8,X,) (61) 


| The third phase condition is written for a homogeneous line 
| RAA 62 
V B;X; — IV BX,= V Box (62) 
"and for a circuit with concentrated elements 
1 1 | 1 å = 1 
(1 35 BsX, | B;X; | 1 a Bi [1 5 BiXi | BANA 7 BiXs - 


Väx ( se 2,x,) (63) 


OM 
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When the first phase condition is fulfilled, a stable forward-wave amplification is obtained 
when X, and X; have the same sign, and the amplification for the signal wave can be written: 


for a homogeneous line 


(64) 


NÄRING ff N| 


= h 
F=20 logcos 3 C? Vä 


for a circuit with concentrated elements 


IN SON N ÖsÖ: XX; 
- 1 | 65 
F=20 logs) (14 ; Va i; (1- 2 (65) 


When the second or third phase condition is fulfilled, a stable forward-wave amplification is 
obtained when X, and X; have different signs, and the amplification for the signal wave can 


be written: 


for a homogeneous line 


(66) 


RA OG 
F=20 108 cosh | = N| 


2 Nar oa! 


for a circuit with concentrated elements 


il JE 1 ; ; N 
F= 201085 | (1435 oo) (1 SV oden (67) 
2 2 SIN ps Sin Pp; 0 Sin ps Sin Pp; 


In order to obtain wide-band amplification, the phase conditions should be satisfied : 
within the largest possible frequency range, and this will lead to the fact that the phase 
angles should fulfil the following wide-band conditions. 


When the first phase condition is satisfied, equation (26) should hold true, and can be 
written: 


for a homogeneous line 


AE SJ 
a (V 2) a (VB) 0 (6) 


for a circuit with concentrated elements 


20 SG 
dö. sÅs oc 


[na (1-4) Vax(1-4an) 
JAG LESS : i ER 
|| ( AES | VB S a Bi: ) 


(69) 
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When the second or third phase condition is satisfied, equation (27) should hold true, and 
this equation can be written: 


for a homogeneous line 
d ir d ra 
do, WBX:) + ga (WBiX) = 0 00) 
for a circuit with concentrated elements 
d d 
— (B,X, — (B;X; 
do, BXD) Zo,BiX) 


| ; Pe =0 
/ 1 
BER STR Re (al Bi, 
V 5 a Ar ) Vax 7 35) 


The wide-band conditions imply that the signal and idling waves have the same group 
velocity. 


(Gi) 


In order to determine the bandwidth of the amplifier, it should be possible to calculate 
i the amplification at the band edges, where the phase conditions are not exactly fulfilled, but 
I can be written according to equation (28). 


When the first phase condition is almost satisfied, the amplification for the signal wave can 
be written: 


i for a homogeneous line 


F=101og | cosh? G en) de = sinh? G en) | (72) 


SG NR SNGNE 
STL > ÅA 2 
= Varan ER ) ER 


( for a circuit with concentrated elements 


| N 1 2 
[E= 101083 | [z(1+36)+x(1-38)] + 22 [7 z(1+38)- z(1-38)]] 


| (13) 


gt (AG) 


sin ps sin &; 
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When the second or the third phase condition is almost satisfied, the amplification of the 
signal wave for a homogeneous line is calculated from equation (72), but with 


EAT (225 


SN bes CER 2 
S V PsPiw;Wi (CK ) Sö 


and for a circuit with concentrated elements from equation (73), but with 


£f= V = -ÖsÖKAK: = (Aqp)? 


Sin ps sin &; 


The parametric travelling-wave amplifier should also be matched to its external circuits at 
signal, idling and pump frequencies. The external circuits have the impedances (Ze); 


(Zexvi and (Zext)p at these frequencies, and hence the following matching conditions are ob- 
tained: 
(Z0)s TR (Zexts 
(Zi = (Zex)i (14) 
(CAR SE (ZEN 


Frequency relation : ws+Ww; = Wp 
Phase relation: K+9.=Yp | Phase relotion:4;- K= 4) |Phose relotion: 4-R =p 
X;<0 


Ö S äs 
X>0 X;>0 X.>0 ; 


X.>0 X;<0 


(Ve) 
(gR SVA 


KE 


(Ve); 
VJE ENN 
(Vs)g == EN 


Xx 11053 
Fig. 4. Table showing different types of parametric forward-wave amplifiers. 
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. The characteristic impedances for a homogeneous line are obtained from equation (11), and 


for a circuit with concentrated elements from equation (36) or (37), due to whether the circuit 
is built up of xx or T-sections. 


It is known that, within the transmission range, 0 < BX < 4 holds true for a filter ladder, 
and thus B and X have the same sign. If B and X are positive, the phase and group velocities 
of the circuit have the same direction. If B and X are negative, the phase and group velocities 
of the circuit have opposite directions. Now different types of parametric travelling-wave 
amplifiers can be classified according to the phase condition fulfilled, and the phase and group 
velocities of the different waves scheduled. In fig. 4, index f indicates phase velocity, and 
index g group velocity. 


CTITRASPIT EIRIS2 


Circuits Composed of LC-Circuits 


For the construction of travelling-wave amplifiers for lower frequencies, the reactances 
and susceptances inserted in the filter ladder can be composed of coils and capacitors, LC- 
circuits. In order to obtain a survey of the different types of filters that can be built, the reac- 


| tances that can be built from LC-circuits will first be systemized. 


2.1 Classification of Reactance Elements 


The reactances that are inductive at low frequency av 0, are to be classified among in- 
ductive elements, and the reactances that are capacitive at low frequency av 0, among capaci- 
tive elements. Inductive elements are written I, and capacitive elements are denoted Cry. 
The index figure of Ly and Cty indicates the order of the element. Now the synthesis made 
by R M FOosTER” will be followed, and then the following dispositions of inductive and 


capacitive elements obtained. 


The dispositions in fig. 5 and 6 show the simplest construction of an element of a certain 
order. It is schematically shown in the dispositions how the reactance and susceptance of the 


elements vary with frequency. 
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Fig. 5. Arrangement of inductive elements. 
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2.2 Different Filter Types 


After systematization of the different reactance elements, opinion can be formed on the 
filter types required to realize the different types of parametric amplifiers. The filter ladder 
consists of z- or T-sections (see example in fig. 7) where the same qp-w-diagram is to be ob- 


tained. 


LA J2x[Lg] JEX bo) 


Jå8 [Co] J28C0)] j8 Ice )| 


z-section T-section 
Xx 11056 


Fig. 7. Example of filter sections for parametric amplifier. 


In the following, a filter section according to fig. 7 will be written schematically L(3): 


C(3) 


Knowing the variation with frequency of reactances and susceptances, the p-w-diagram of 
the filter is obtained. It is then assumed that the series reactance and parallel susceptance 
cross zero at the same frequency. A small divergence from this gives a narrow attenuating 
band around 9 = 0. The signal, idling, and pump frequencies are drawn in the p-w-diagrams 
and the circuits can be classified into four groups according to the distribution of frequencies 
in the pass-bands of the circuits. 


From the schedule showing different filter types, it is evident how the signal and pump 
sources should be connected to the circuit. In this 


| S |=signal source 
| P |= pump source 


hold true. 


The filters shown are of simplest possible design, and can also be built from reactance 
elements of a higher order. This may be necessary to obtain the desired filter characteristics. 


2.21 Signal, Idling, and Pump Frequencies within the same Pass-band 


In this type of circuit, operation is within the linear part of the p-w-diagram, where the 
phase and wide-band conditions are automatically satisfied, and the amplification can be 
calculated as for a homogeneous line. The filter ladder must also be matched to external 
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| 


| 


| ; 
» circuits, and the characteristic impedance is then equal at all three frequencies. It is important 
that the p-w-characteristic diverges when w > Wp, Since otherwise, according to G M RoE 
- MR Boyp," power-absorbing coupled wave-pairs at higher frequencies would be ob- 
itained. In this type of circuit, a very large bandwidth is obtained. At 12 db amplification, the 
bandwidth will be 100 percent, but in return a great number of filter sections must be used 
to attain adequate amplification. With this type of filter ladder, the parametric travelling- 
wave amplifier may be directly transformed into the degenerated two-frequency amplifier, 
| where w; = Wwj. (See table I). 


2.22 Signal and Idling Frequencies within the same Pass-band 


With this design of the filter ladder, the amplifier can be directly transformed into the 
; degenerated two-frequency amplifier, where w, = w;. The signal and idling frequencies are 


| z é 1 : SR 5; : 
to be found on either side of 3 Wp, and if the condition where 2(P)o, a pp is satisfied, the 


phase and wide-band conditions will be automatically met with, and there only remains the 
mismatching of the filter ladder to external circuits. (See table 2). 


2.23 Idling and Pump Frequencies within the same Pass-band 


In these circuits signal and idling frequencies are definitely separated, and in dimensioning 
the circuits, five conditions, i.e. one phase condition, one wide-band condition and three 
matching conditions must be satisfied. (See table 3). 


2.24 Signal, Idling, and Pump Frequencies within Different Pass-bands 


In these circuits, all the frequencies are definitely separated, and in dimensioning the 
i circuits, five conditions, i.e. one phase condition, one wide-band condition, and three 
matching conditions should be satisfied. When the frequencies are chosen, five relations 
between the reactances and susceptances of the filter are obtained from these conditions. 


The relation obtained by means of the phase condition is derived, for amplifiers type 1, 
from equation (59), for amplifier type 2 from equation (61), and for amplifier type 3 from 


equation (63). 


The relation obtained by means of the wide-band condition is derived, for amplifiers type 
1 from equation (69), and for amplifier type 2 or 3 from equation (71). 


For all types of amplifiers, three more conditions are obtained by means of the matching 


conditions (74). 


From these five relations, the inductances and capacitances to be inserted in the filter can 
be determined. Knowing the filter design, the amplification from equation (65) or (66) and 
the bandwidth by means of equation (73) can be determined. (See table 4). 
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11072 
Table 1. Signal, Idling, and Pump Frequencies within the same Pass-band. 
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Table 2. Signal and Idling Frequencies within the same Pass-band. 


106 


Connection 


20 
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Table 3. Idling and Pump Frequencies within the same Pass-band. 
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Circuit 


X 11075. 
Table 4. Signal, Idling, and Pump Frequencies within Different Pass-bands. 
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C(4) 

C(4) 
LG) 

CG) 

30 
CL (4) 
C(4) 


C(3) 


Connection 


Xx 11076 
Table 4. Signal, Idling, and Pump Frequencies within Different Pass-bands. 
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CEERARINEIRINS 


Circuits Composed of Transmission Lines 


3.1 Different Filter Types 


In the design of parametric travelling-wave amplifiers for higher frequencies, it will be 
difficult to build adequate filters of LC-circuits. This is due to the fact that the low inductances 
and capacitances needed will be more and more difficult to manufacture and that at higher 
frequencies, inductances in connecting leads play an ever-increasing role. In order to avoid 
these difficulties, filters are constructed where parts of open or short-circuited transmis- 
sion lines, e.g. coaxial lines, lecher-lines or strip-lines form the basic element. An ex- 
cellent review by TH J WEIERS” treats different methods used to construct filters from 
coaxial lines, and among these methods, the following ones seem applicable in the design 
of filters for parametric travelling-wave amplifiers. 


a) Filters composed of transmission lines of equal lengths. These filters can be considered 
as ILC-filters, where all the inductances have been replaced by short-circuited lines and all 
the capacitances, except for the coupled varicaps, have been replaced by open-circuited lines. 


b) Filters composed of transmission lines of different lengths. These filters are built up in the 
same way as those in a) above, but one or more series circuits consisting of one 
inductance and one capacitance have been replaced by an open line of electrical length 
Å/4 at the resonant frequency, and one or several parallel circuits consisting of one inductance 
and one capacitance have been replaced by a short-circuited line of electricallength 4/4 at the 
resonant frequency. 


c) Filters composed of transmission lines and capacitances. These filters are built up in the 
same way as those in a) or b) above, but several capacitances have been retained from the 
equivalent LC-filter. 


d) Filters consisting of a transmission line loaded in parallel by impedances consisting of 
transmission lines and varicaps. 


3.2 Filters of Substituted LC-Type 


Filters built according to methods a), b), and c) are of similar kind, and to understand them, 
the impedances that can be formed by means of transmission lines will first be considered. 
For a transmission line with characteristic impedance Z,, length I, and wave propagation 
constant $, and with currents and voltages according to fig, 8. 
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X 11057 
Fig. 8. Currents and voltages in a transmission line. 


V2= Vi: cos pl —- jI,Z, sin pl 


1 (75) 
I = "cos pl Vi sin pl 
0 


| hold true. 


If the transmission line is short-circuited at its right-hand end, V3 = 0, and the input im- 
| pedance can then be calculated. 


|| 
| 


V. 
Z== =JZo' tan fl (76) 
2 


| If the transmission line is open at its right-hand end, 7; = 0, and the input impedance can be 


calculated. 


Z=—= -—jZ,'cot Bl (17) 


d These impedances are drawn in diagrams as a function of fl, and the equivalent LC-circuit 
is shown at the respective values of fl. 


Z tan Bl 
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Fig. 9. Impedance and equivalent LC-circuit for a short-circuited transmission line. 
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Xx 11059 
Fig. 10. Impedance and equivalent LC-circuit for open-circuited transmission line. 


The values of the equivalent LC-circuits will now be calculated. For pl <x/2,wL = Z,'tan | 


1 OR é 
pl holds for a short-circuited line, and wC = a tan fl holds for an open-circuited line. 
0 


From these equations, equivalent values of L and C are calculated, and the equations show 
that the smaller the value of fl, the more tan fl approaches a straight line, and the better the 
approximation to an inductance and a capacitance, respectively. | 


For fl av x/2, a short-circuited line can be approximated to a parallel circuit composed of an 
inductance (L) and a capacitance (C), and an open-circuited line can be approximated to a å 
series circuit of an inductance (L) and a capacitance (C). L and C are chosen such that the 
resonant frequency of the LC-circuit is equal to the frequency where the electrical length of 
the line is 2/4, and that the derivative of the impedance with respect to frequency, at resonant 
frequency, is equal for the LC-circuit and the line. 


With £=o/v, where »v is the phase velocity of the line, the following conditions are 


E SA ; ENE 
obtained: for the short-circuited line LC= ( ) 5 Re and for the open- 
Je ND (60) 


2 


Mer ; AN 
circuited line TO= =]; C=———, 
ÄT NI Z,4w 


After having investigated which impedances can be obtained by means of open and short- 
circuited transmission lines, an opinion can be formed of the filters that can be built according 


to methods a), b), and c). These investigations are based on the calculations and the classi- 
fication made earlier for LC-filters. 
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3.21 Possible Filter Structures 


By means of method a), all the filters on the list of different LC-filters can be built. In this 
list of LC-filters all the inductances are replaced by short-circuited transmission lines, and 
all the capacitances, except for the coupled varicaps, by open-circuited transmission lines. 
Within the whole frequency range where the filter is to be used, the electrical length of the 
lines must be less than 2/4. If within the whole frequency range the fact holds that tan Bla 
pl, caleulations made for LC-filters can be used directly and an inductance L can be replaced 
v 
r 


by a short-circuited line with characteristic impedance Z, = L:=, and a capacitance is 


FA ; Kr Tögil j G ; 
replaced by an open-circuited line with impedance 0 ml If this approximation 
Vv 


does not hold, the reactance jZ, tan fl for a short-circuited line and with the reactance 
—JjZ,cot pl for an open-circuited line must be reckoned with. These reactances are introduced 
into the equations obtained from the phase condition, wide-band condition, and the three 
matching conditions. In this case, the electrical lengths of the lines can be considered as 
known, and the equations can be solved with respect to the characteristic impedances Z, of 
the lines. The method of calculation followed is given in the text after the disposition of 
ILC-filters belonging to section 2.24. 


Also by means of method b), all the filters on the list of different LC-filters can be built. 
With the same procedure as in method a), inductances are replaced by short-circuited lines, 
and capacitances by open-circuited lines, but in addition one or several parallel circuits con- 
sisting of an inductance and a capacitance are replaced by a short-circuited line of electrical 
length 4/4 at the resonant frequency of the LC-circuit, and one or several series circuits 
consisting of an inductance and a capacitance are replaced by an open-circuited line of elec- 
trical length 2/4 at the resonant frequency of the LC-circuit. In this case, it is necessary to 
note that the resonant] frequency of the LC-circuit must lie within the upper half of the 
frequency range within which the filter is to be used, since otherwise the line would cause 
a non-desired parallel or series resonance within the frequency range. In calculating filters 
built according to method b), the reactance jZ, tan fl for a short-circuited line, and 
the reactance—jZ, cot Pl for an open-circuited line must be reckoned with, for it is only 
within a small frequency range around the resonant frequency that it is possible to approxi- 
mate a short-circuited line to a parallel circuit, and an open-circuited line to a series 
circuit. These reactances are introduced into equations obtained from the phase condition, 
the wide-band condition and the three matching conditions, and in the same way as with 
method a), the equations with respect to the characteristic impedances Z, of the lines are 


solved. 


Filters built according to method c) do not contain anything essentially new in addition to 
what is known about filters built according to methods a) and b). In filters built according to 
method c), the difference is that some capacitances from the equivalent LC-filter have not 
been replaced by open-circuited lines. The same sequence of calculation is followed and the 
same properties as for filters built according to methods a) and b) may be expected. Some 
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band-pass filters built from coaxial lines and capacitances have been treated by RAGAN? and 
COHN,? and filters for parametric travelling-wave amplifiers can possibly be built in a similar 


way. | 
3.3 Periodically Loaded Transmission Line as Parametric Circuit 


Filters built according to method d) consist of a transmission line which is loaded with. 
shunt impedances z at equidistant points. The distance between the points is 2 I,, the charac- 
teristic impedance of the transmission line is z,, and its wave propagation constant is på 


w a : E a SA 
(bo — , where v =the phase velocity of the line). Impedance z is built of transmission 
Vv 


lines and contains a varicap. A filter section is shown in fig. II. 


i Je Hö i 


| I 
X 11060 
Fig. 11. Currents and voltages in a transmission line loaded with impedance z. 


With the symbols according to fig. II, 


f VI = FICOS Polo JL Z0 Sim Pol 
, Ing 
IT COS Polo JA > sin ög 
0 


ESS ky = br Sä 


| (78) 
I; = I cos Poly -jV"— sin Bal 
Z0 
Ib na 
| Hae 
hold true. 
By eliminating V', I, 13, and I, the following equation is obtained. 
V2= Vi(cos2 poly + qsin2 Bl) —-jhz, (sin2 pil, + 2qsin? pl) 
(79) 


; I 
I, = I, (cos2 Bly + qsin2B al) -jV, - (sin 2 Byly — 2qcos? Bal) 
0 


114 


where 
Since z is imaginary, q always is real. 


These equations are now compared to corresponding equations (81) for a filter section with 
the characteristic impedance Z, and the phase shift & 


V3 = Vi cos q —- i, Zysin 


AGG (81) 
I, =Lh cosQ-jV,— Sing 
Z9 
After simplification of the expressions, this comparison gives 
/1 + qgtan Bal 
FLN J 070 2 
VER Vv 1 — qceot Bal, (32) 


COS p = COS 2 Poly + qsin2 pil, = 1 + (q tan Byly)sin2pyly= — 1 + (g+ecot poly) sin 2 poly 


(83) 
sing = V(1 + gtan Byl,) (1 — qgeot Poly) sin 2 pol (84) 

Z, is real within the pass-bands of the filter, and hence 
(1 + gtan Byl,) (1 — geot Bal) = 0 (85) 


holds within the pass-bands. 
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Fig. 12. tan pol, (dotted) and — cot Bal, (solid) as a function 
of Boly. When qlies within the shaded area, the filteris trans- 
mitting. When q intersects solid boundary curves, Z, = 0, 
and when q intersects dotted boundary curves,Z, = 00. 
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Fig. 13. tan fl, (solid) and —cot pol, (dotted) as a function 

of Bly. When q lies within the shaded area, the filter is 

transmitting. When g intersects solid boundary curves, 

qp = 0, and when q intersects dotted boundary curves, 
(EEE 


From (85) it is evident that at the cut-off frequencies, the expression in (85) is zero orinfinite 
so that q = tan Bal, q= — cot Poly, tan Bil, = 0 or cot pil, = 0. Within the pass-bands, q 
consequently lies between tan Bl, and —cot pl, In the diagrams of figures 12 and 13, 
tan Bly and — cot pil, are now drawn as functions of Pal. Now when q lies within the shaded 
area between these curves, the filter is transmitting, and by applying equations (82) and (83), 
Z, and 9, when q intersects the boundary curves can be determined. 


By means of expressions (82), (83), and (84) for Z,, cos 9 and sin 9, the properties of filters 
built according to method d) can be determined. The signal, idling or pump frequencies are 
introduced into (82), (83), and (84), and then the characteristic impedance and phase shift 
of the filter at these frequencies can be calculated. By means of these values of Z, and &, it is 
now possible to check that the phase condition, the wide-band condition and the three 
matching conditions are satisfied. 


The phase condition can now be written, 


for amplifier type 1 Sin ps; ' COS Pp; + COS ps SIN Pp; = SIN Pp (86) 
for amplifier type 2 Sin ps COS fp; — COS Ps: Sin p; = SIN Pp (87) 
and for amplifier type 3 sin p;cos 9, — COS pj Sin ps = SIN pp (88) 


The wide-band condition can be written, for amplifier type 1 


— (cosq) — — (cosp) 
— (cosqs) — (cos »; 
dö OR (89) 


sin ps sin &; 


116 


——LLL = 


and for amplifier types 2 and 3 


SEN ) 4 
dow; Ps do; (cos Pi) Ö (90) 


Sin ps Sin &; 


In order to match the filter to external circuits, equations (74) should be satisfied, and the 
characteristic impedances are obtained from equation (82). 


From the equations for the five conditions given above, the characteristic impedance of the 
transmission line z,, the distance 2/, between the parallel impedances and the parallel 
impedance z as a function of frequency is calculated. If the equations lead to a mathemati- 
cally intricate system, the filter can be designed by means of a cut-and-try method, 
where the q-w-characteristic is calculated for different parameters. When the filter is de- 
signed, the amplification is determined by equation (65) or (67), and the bandwidth is 
calculated by means of equation (73). Note that, irrespective of impedance z, the first pass- 
band in these filters always have positive dispersion. This will lead to the fact that only 
parametric travelling-wave amplifiers of types 1a), 2a), and 3a) would suitably be realized 
by means of these filters. 


3.31 Possible Filter Structures 


Using the diagrams in figures 12 and 13, a rough estimate can be made of the filter prop- 
erties and a decision made as to which impedances z should be chosen to obtain a certain type 
of filter. Some examples are given below of suitable impedances z for different filters, and the 
types of parametric amplifiers that can be realized by means of these filters are indicated. 
The approximate 9-w- and Z,-w-characteristics of the filters are shown. 


In a circuit shown in fig. 14, the signal, idling, and pump frequencies lie within thefirst pass- 
band, and operation is along the linear part of the w-w-characteristic. In order to avoid 
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Fig. 14. Characteristics of filters according to method d) where the parallel impedance z 
is a varicap. 
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Fig. 15. Characteristics of filters according to method d) where the parallel impedance z is 
a varicap coupled in parallel with a short-circuited transmission line. 


power-absorbing coupled wave pair, it is essential, according to above statement, that the 
qp-ow-characteristic bends immediately after the pump frequency. An amplifier type 1a) 
with large bandwidth is obtained, but in return the amplification per section will be small. 


From circuits according to fig. 15, different types of parametric travelling-wave amplifiers 
can be built. If the signal and idling frequencies are placed within the same pass-band, 
amplifiers type 1a) can be built; if the idling and pump frequencies are placed within the same 
pass-band, amplifiers types 2a) and 3a) can be built; and if signal, idling, and pump frequen- 
cies are each placed within its own pass-band, amplifiers types 2a) and 3a) can be built. 


A filter built according to fig. 16 has properties similar to those built according to fig. 15, 
and amplifiers of the same type can be built. 


Even other, more complicated forms of parallel impedance z can be used when forming an 
impedance with a certain frequency dependence. 


CZ 24 
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Fig. 16. Characteristics of filters according to method d) where the parallel impedance z is 
a varicap coupled in parallel with an open-circuited transmission line. 
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CHAPTER 4 


Circuits Composed of Slow-Wave Structures 


4.1 Introductory Remarks 


In the design of parametric travelling-wave amplifiers with filters built of transmission 
lines, certain difficulties arise with increasing frequency. With shorter wavelengths, the 
different transmission lines will be inconyeniently short, and it is also difficult to manufacture 
transmission lines with the extremely low or high characteristic impedances needed to 
form suitable reactance elements. With higher frequencies, parametric travelling-wave 
amplifiers must consequently be built by means of different types of periodic slow-wave 
structures. Different microwave filters with capacitive and inductive windows and chains of 

: coupled resonators are also included in slow-wave structures. 


Great difficulties arise when theoretically designing parametric travelling-wave amplifiers 
built of slow-wave structures. The dispersion curve of the slow-wave structures is calcu- 
lated by means of MAXWELL's equations, and in those equations the varicaps cannot be 
i ntroduced as reactance elements. It is known that slow-wave structures contain a spectrum 
of pass-bands, and dispersion curves are obtained, the general nature of which is shown in 
fig. 17, where P, is the wave-propagation constant of the fundamental wave, and s the 
periodicity of the slow-wave structure. 


In most slow-wave structures, the first pass-band has positive dispersion, which implies that 
only parametric travelling-wave amplifiers types 1a), 2a), and 3a) can suitably be built of 
slow-wave structures. The different pass-bands can be used in the same way as in the case of 

 LC-filters. If the first pass-band of the slow-wave structure is a low-pass band, the signal, 
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Fig. 17. Dispersion curves for periodic slow-wave structures. 
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Fig. 18. Disk-loaded waveguide with coupled varicaps. 


idling, and pump frequencies can be placed within this band, and if operation is within the 
linear part of the fPys-w-characteristic, a very wide-band parametric travelling-wave 
amplifier type 1a) will be obtained. In the following a calculation method for designing 
parametric amplifiers will be outlined. 


4.2 Design of Parametric Slow-Wave Structures 


The disk-loaded waveguide with centre conductor is a slow-wave structure, the lowest 
pass-band of which is of low-pass type. In order to obtain a parametric travelling-wave 
amplifier, voltage-dependent varicaps are placed between the centre conductor and the 
flanges protruding from the outer conductor. 


The disk-loaded wave-guide has been treated earlier by the author,!? and the dispersion curve 
is known at different circuit parameters. To be able to design the amplifier, the slow-wave 
structure without coupled varicaps will first be treated, and by means of the dispersion curve 
the equivalent filter chain will be calculated. 
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Fig. 19. Equivalent filter section for a segment of a slow-wave structure. 
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According to the paper!?, 


oo Af, dIn(a/b) 
Bas = OV Ho£0s V I Kn 01) 
and 
uoln(ble) , /, —dinla/b) 
Z,= 
de Vestmöl Vit "Smn(6/) «2 


hold true for a disk-loaded waveguide with centre conductor at very low frequencies. 


From these equations, L, and Cy can be obtained which wholly determine the filter proper- 
ties at low frequencies. 


De = [s In(b/e) + Sln(a/b)] (93) 
CR SEE 9 
0 e0 JUTS In(ble) ( 4) 


Ho 


Now it is noted that L, consists of an inductance 3 2 = In (b/c) which applies to a non-corrug- 


ated coaxial line, and an inductance = din (a/b) which is the inductance of the groove, and C, 
corresponds to a cylindrical capacitor of the length s. The values of L, and C', are calcu- 


x 
lated from the cut-off frequency, and the value of w at Ps = zh 


Knowing the equivalent filter ladder of the slow-wave structure, varicap C, can be con- 
sidered to be coupled in parallel with C,, and amplification and bandwidth calculated in the 
same way as for LC-filters. However, it must be remembered that when using the equivalent 
filter ladder the space harmonics are neglected. This must be considered when calculating 


the amplification. 


The same method of calculation can also be used in connection with other types of 
periodic slow-wave structures, and can further be applied when using more than one of the 
pass-bands of the slow-wave structure. In complex slow-wave structures, however, this 
method will lead to calculations difficult to survey, and a pure experimental evaluation of 


slow-wave structures would be preferable in this case. 
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CIHLATP II ETRSKS 


The Effect of Losses in a Parametric Travelling-Wave 


Amplifier 


5.1 Parametric Circuit 


It is to be expected that losses in a parametric travelling-wave circuit will cause a decrease 
of the amplification, and it is of interest to calculate this decrease. In the calculations a 
filter ladder with series impedance r + jX and parallel admittance g + jB is assumed. As 
before, a signal and pump wave are applied to the circuit, and the frequency relation 
W;s + W; = Wp 1S always satisfied. 


The impedances and admittances of the circuit can be written: | 


VA JX =; Ft jXs 
at frequency 0w; (95) 
g +jB=38,+jB;s 


KET HG 
at frequency «ww; (96) 
SERBIEN: 


r+jX=JjX, 
at frequency wp (97) 
& + JB =JjB, 


Thus the losses at pump frequency are neglected in the following calculations: 


Ps is the signal wave phase shift per section 
Pi is the idling wave phase shift per section 
Pp, is the pump wave phase shift per section 
(Z))s is the characteristic impedance of the circuit at signal frequency 
(Zi: is the characteristic impedance of the circuit at idling frequency 
(Z))p is the characteristic impedance of the circuit at pump frequency 
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Fig. 20. Equivalent scheme for a parametric travelling-wave circuit. 
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The losses in the circuit cause an exponential damping of the propagation waves. 
ax; is the exponential damping of the signal wave 
Xx; is the exponential damping of the idling wave 


The coupling between the signal and idling waves is determined according to equations (10) 
sand (40) and can be written: 


Nig > eJ0st = jÖO,Vjelost » e-invp 
(98) 


Ni; eJ0it = — jö;V, e—Joit « ejnvp 


"The wave propagation in the circuit will now be treated for the cases: BX < 1, where the 
circuit can be treated as a homogeneous line, and 0 < BX < 4, where the circuit must be 
treated as a filter ladder with concentrated circuit elements. 


5.2 Homogeneous Lines 


Assume BX <1, and the circuit can then be treated as a homogeneous line. On the 
:assumption that the losses are small, so that r <|X]| and g <|B|, the equations below hold 
for the circuit. 


(Z9)s = (EB pr =VBrG 
; SE (Ge 
Xx; ES MICINBSEX: 
(FO pi =VBiX; (99) 
Bi EET (SIE Eat 
PÅ | 2 B; X; 
(Z)p = ER Po =VB,X, 
p 


Tet V(n)ei?st, Vi(n)e Ioit, Iln)ej?st and I;(n)e I”it be the voltages and currents of the signal 
and idling waves in the circuit. The following are then obtained. 


Erk) Er UXs Tr Es) Is(n) 
dn 
230 2 GB, +g) Vi) fö VimePtn 
n (100) 
EV), = (X; —- ri) Ii) 
dn 
= = GB; — 8) Vin) + jö:Vs(n)eto 
n 
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On the assumption å < B, g < B and r <X, combination of the first equation with the | 
second and the third with the fourth yields | 


2 
2 z så = — BsX; | NEJ | V(n) — X.0;V;(n)eI"?p 
n 
K (101) 
27. É | 
d”V;(n) = — BiX; E +j2 2 Vi(n) — KO; V(n)ei"?p 
dn? Vi 


Waves with the time dependence e-j”st and ej”it, give the same equations, but with 


conjugate complex numbers. 


Irrespective of the perturbation terms, equations (101) have the same form as the ordinary 
wave equations for homogeneous lines. As it has been assumed that då < B, the equations 
can be treated by means of perturbation theory. 


In order to get parametric amplification one of the phase conditions (14) must be satisfied. 
The coupled wave pairs are given by equations (15), (16), and (17). 


Now interest lies in calculating how the wave propagation is changed by the losses in the 
circuit. It can be concluded at once that the phase and wide-band conditions are unaffected, 
and calculation is restricted to determining how much the amplification is decreased. It is 
decided to treat the first wave pair in (15), and the phase condition can be written: 


Po = Ps + Pit AQ 
Assume A9<9 and introduce the complex phase angles 


dd RAR 
ps US (KERO Pitiz (act 0) 


where 
' 1 , 1 2 , 
ys =9s+ 3 AP pi = Pit 3 AP Ps + Pi = Pp 


Now the first wave pair in (15) can be written 


Vs(n) = As(nje” Hest) ejlost nos”) 
(102) 


Via A; (n) e- Has +taj) p-j(0jt -ne;') 
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| This wave pair is introduced in equation (101), and assuming that the perturbation terms are 
j d?A dA É: 5 ; 
small, so that de can be neglected compared to 9 Få the following equations are obtained. 
n 
; ArdA (0) 
= Ps [AY = CA = CAN As(n) 2jps 5 5 X,05A; (n) 
2 (103) 
: S 4; (n) 
— pi [AQ + j (as — D1AFM) + 2jp; zz = — X;d;As(n) 
These equations are combined and give 
d AS I XX0s0; 5 
i HÄ [AY FJ (05 [Fe [FAIR As(n) 
dn 4 PsPi 
ANG 6 (104) 
4;i(n) 1 | XX;ds0; |: 
: UA | psp: = [ANG Fru (Ci = CP [Äta 
For the wave pair in (102) solutions of the type 
ettöm. otjöjn (105) 
are obtained, where 
[X.X;0s0; 5 
er = Re | (222 [Ag + (eta - 001 | 
PsPi 
(106) 


[X,X;0sÖ: 
sn | VELA [Ag (00 > 007 | 
E Vv ET [Aq + Jj (as — 201 


& =E, FIS 


Consider the boundary conditions (22) at the filter ladder input and by means of (103) the 


following solutions are obtained 


1 Aq Fl Cö 149) . 1 Ha tan. i(wst nos + 0) 
Vs(n,t) = Va | cosh G en) RS sinh ön e-Hestaepn. pilvst— 
(107) 


ÖN GE 1 AE RRS 
BÖN 2, 0 G sn Jetta j(0jt—ne;'— 9) 
I 
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If Aqp = 0, equation (107) can be written 


/Ö50:XsX; yn) - 
= 1 (NV Tar od + (05 — Nn 


fr 'sinn() (2 Sr (CE an) | Sen FOSTRA TEN OStAs ETOD (108) 
3 2V spi 


ÖsÖiXsKi 


= (25 = om Jo Ht a0n e-i(0jt—ny;'— 0) 


Vi(n,t) NG sin (ya 


From the equations (107) and (108), the way in which the amplification is affected by the 
losses in the circuit can be determined. The circuit has a length of N filter sections, and 
provided «, = a;, the amplification F of the signal wave expressed in db will be 


F=1010g | cosh? (G en) + ER sinh? (Gen) | — 4.3 (5 + AN (109) | 


The remaining wave pairs in (16) and (17) can be treated in the same way and give similar 


solutions and expressions for the amplification. 
5.3 Circuits with Concentrated Elements 


Now the wave propagation in circuits will be treated for the case where 0 < BX £ 4, and 
thus the approximation to a homogeneous line is not permissible. The filter ladder consists 
of a chain of zx- or T-sections built up according to fig. 21. : 

As before, the losses at pump frequency are neglected and it is assumed that the losses at 
signal and idling frequency are so small, that r EX and g < B. With these assumptions the 
characteristic impedance and phase shift per section of the filter chain at the actual frequencies 
are given by the equations (36), (37) and (38). 


g+B 


T-Secton T- section 
Xx 11144 
Fig. 21. x- or T-section inserted in the filter ladder. 
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In chapter 1.4 the wave propagation and amplification in loss-free circuits with concen- 
trated elements have been calculated. Now interest lies in investigating how the losses affect 
the wave propagation and amplification in the circuit. As the phase and wide-band condition 
are unaffected, it is sufficient to determine to what extent the amplification is decreased by the 
losses. 


AS in chapter 1.4 it is decided to treat the first wave pair in (15), and the phase condition 
can be written 


Pp = Ps + Pi + ÅP 


Assume a ladder of T-sections, and in order to calculate the amplification, a filter section is 
investigated where the voltages and currents at the input are (V;),ej”st, (V;),e Fit, (I),eJ?st 
and (I)),e F”i! and at the output (V5)aej”st, (V;)ae Fit, (I)aej?st and (I;)ae Fit, 


The coupling between the signal and idling waves according to equation (98) is introduced. 
Assuming ) < B, a perturbation calculation can be applied and the same sequence of cal- 
culation followed as in chapter 1.4. As before, it is assumed that the filter section is matched in 
both directions, and that there is a state of equilibrium between the signal and idling waves. 
Thus the equations (41) and (42) are fulfilled. 


However the exponential damping caused by the losses in the circuit must be considered. 
The exponential damping can be written 


(110) 


Now introducing the complex phase angles 


, sil , gl e ) 
Ps =I3 (CER 24) Pi tj: (ds Li 
where 
fé 1 (få 1 , ' 
ys = Ps + 3 ÅG pi = Pit 3 AP Pst Pi =P 
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into equation (52), the following are obtained. 


1 I DRG GRS 
(Va = Ve Fed | 1 47 5 Lp 4 j (0 00) I 7 c 


2 Pi sins Ps 


e- Hasta 


Ng dl j dl Ö;X; e-ji(Ps tj) EA 
(VF) = (Vie: l 1 -j 35 [AG + j(«s — 01 Re i K Sar 


COS 3Ps sin Fd 


(1145 


By means of equation (42), K can be solved from (111). This expression for Kis reintroduced 
into equations (111) and yields 


| 
KSK E HERR 
(05 5 (KS PL +F Va CS d - [A9 TJ (CA CR al J 205t 2) 
Vänd ng 
(112)0 | 
im. 1 ÖsÖ: XX; jak. . AN . 2 - Ha, +2j) 
(VI) = (VIei | ES | nga [Aq + Jj («5 — xD] le 


By taking into account the boundary conditions (22) and by means of the expression for K, 
the following solution from (112) is obtained. 


R 1 z 1 n j i 
0b)å0) muntlig) 
Väne) = 79 2 - 0 2 FJ Ag (06 RS 0 2 Ö 


2 E 2 
e- H0s+«j)n . ejlvst- ne 40) 
n 1 2 1 
bar =S emd så 
ök z( c z( 2) | 
Vin, 1) =jV, 3 SNR 
1 
eV Bal 1- 384) 
: e-i(0t—np;— 0): e—ji(Ps +P) (113) 


From the equations (113), the way in which the amplification is affected by the losses in the 
circuit can be determined. The circuit has a length of N filter sections, and provided x, = 
a;, the amplification F of the signal wave will be 


peson [$(110)sk(0-0)T 2210-20 


— 4.3 (5 + CN (114) 


The remaining wave pairs in (16) and (17) can be treated in the same way and give similar 
solutions and expressions for the amplification. 
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5.4 Discussion of the Results 


Inspection of the equations (107), (108), (109), (113) and (114) shows that the amplification 
of the signal wave is decreased by losses in both signal and idling circuits. This result is in 
agreement with results obtained for single parametric amplifiers. A closer examination, 
especially of equations (108) shows that losses in the signal circuit have a more unfavourable 


I effect on the signal amplification than that due to losses in the idling circuit. This means that 


to some extent idling frequency losses are compensated by increased signal amplification. 


In the calculations the losses at pump frequency have been neglected. A consideration of 
the pump losses would complicate the problem considerably. A pump voltage with varying 
amplitude will cause the characteristic impedance to vary along the line and it will no longer 
be possible to assume that the individual filter sections are matched. A rough estimation of 
the effect of pump losses can be obtained if the coupling terms ) are changed to dye””»r, 
where &p is the exponential damping of the pump wave. 


CEFA EINER” 6 


Noise 


6.1 Origin of Noise 


Now it is required to investigate how noise is generated in a parametric travelling-wave 


: amplifier and to calculate its noise figure. It has been shown by A UHLir?! and by H HEFFNER 


and G WADE,?? that the shot noise originating from the varicaps and the noise generated by 
the pump generator can be neglected compared to the thermal noise at signal and idling 
frequencies. Thus there remains only thermal noise which is generated, partly by the input 
circuit, and partly by the loss resistances within the filter ladder. When calculating the 
noise figure, it is assumed that the filter ladder is completely matched, so that no backward 
travelling noise is reflected at the input or within the filter ladder. 


6.2 Distribution of Power within the Circuit 


To be able to calculate the noise figure, it is necessary to investigate how signal and 
idling power applied at the input is transformed into signal power at the output. This trans- 
formation is expressed in the general equation. 


Ws — (2 +t2j)n 
(Ps)out = (Ps)in F5 (Ms) n) ER CETKOrEE (Pdinz,y, F; (ws,n) e (sten (115) 
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The expressions Fy(w,, n) and Fi(ws, n) can be determined from the equations (107), (108) 
and (113). The treatment is restricted to calculating the noise figure in the middle of the 
band, where Aq = 0. Thus the expressions F(ws, n) and Fj;(ws, n) can be written 


For a homogeneous line 


ES 1 2 
FEL [cosh (G en) + Zz E = sinh G en) 


= Sör NA if 
F;(0ws, n) =S Poe sinh? (5en) 


(116) | 


) 
Os: XX; 
where £= V = + (a; - 00? 
PsPi 


For a circuit with concentrated elements 


1 (Wws,n) = 2 E > 
n 1 2 1 2 (1179 
1+- - 1 -—-- 
; (Ws,n) £2 2 
; S FÅS 
where = V z 2 : 2 (CH = CA 
sin ps sin &; 


6.3 Generation and Distribution of Thermal Noise 


The available thermal noise power NP., from a resistance R with the absolute temperature 
T can be written 


(NP)a, = kTAf (118) 


where & = BOLTZMAN constant and AÅ/f=rfrequency interval. This corresponds to a noise 
source with the internal resistance R and the noise voltage e 


e =4 RkTAf (119) 


Now the following notations are introduced 


T, = antenna temperature 
T; = idling input temperature 
T, = filter ladder temperature 
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Fig. 22. Noise sources in a filter section. 


The antenna and idling input are matched to the filter ladder, but can be separated from each 
other by use of filters. In that case 7, and 7; are different, and a low idling input temperature 
can be obtained by separate cooling of the idling input circuit. The noise powers received by 
the filter ladder are 


| (NES T = (EIN 
(120) 


(NPi)in =kTi:Af 


It now remains to determine how the noise generated by a filter section is distributed within 
the filter ladder. A start is made from a 7-section matched in both directions and with noise 


| sources according to fig. 22. 


According to equation (119) the noise voltages can be written 


(0: (ETT AJ 
2 Es 
(E3)$ = 4 Bk TAAS 
; (121) 
(ENE (E-NR 


Ei 
(e3)7 =) B EIN INg 


All noise sources are uncorrelated and thus can be superposed. 


Ås before it is assumed that ) < B, r <X and g < B and thus the losses and the coupling 
between noise of signal and idling frequencies can be neglected, when determining the 


distribution of noise in fig. 22. 


131 


It is seen from fig. 22 that the filter section is emitting equal noise powers backwards and 
forwards. In the forward direction the noise powers d(NP;)eircuit and d(NPj)eireuit are emitted. 
These noise powers can easily be determined from fig. 22 and thus 


d(NPs)eireuit = i kT)ÄS 
V BOX ( -= 5.) 
(le) 
Bi X, 66 Er 5) 
d(NPj)cireuit = — kT)AS 
Van(1-1ex 


Introducing the exponential damping according to (110) the equations (122) can be written 


Ad (NP ärcuit — Ask TON 


d23 
d(NP;) circuit 20;k NE 


The formulas (123) are valid both for homogeneous lines and circuits with concentrated 
elements. 


6.4 Noise Figure of Parametric Travelling-Wave Amplifier 


The noise powers applied to and generated in the filter ladder are known from the equa- 
tions (120) and (123). By means of the power relations in (115) the noise power (NP;)out Of 
signal frequency at the output of a parametric circuit with N filter sections can be determined. 
In this case 


(NP )out = KTAS: Fs(w, N) + kTAf = Fi N) + 
Wi; 


N—1 N—1 (1208 
+ 20skT)Af > F, (0, 1) + 20;kT, Af” > Fi(w,s,n) 
MW; | 
n=0 n=0 | 
The noise figure NF of a parametric travelling-wave amplifier is defined by 
(NPs)ou 
- (125) 


MATEN ON) 
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The expressions (116) or (117) are introduced into (124) and (125) and the noise figure of 
| different parametric circuits can be determined. As an example it is decided to determine the 
noise figure of a homogeneous parametric circuit, where Av = 0 and x, = &;. In this case 


N—1 
1 
HE 
LR 1 cosh G en ) 
| NF=1+— — tanh?[ = EN ) + 20, 2 NEN NN (GS RAD (NIE jr 
W; Ta På TA 1 
cosh? 5 EN 
| NE 2 (126) 
1 
sinh? (G en) 
- 20; Os To — el(2st2j) (Nn) dn 
FIRA cosh? (G en) 
[a 2 
0 


If the damping in the circuit can be neglected, the familiar expression for the noise figure 
below is obtained 


ws Ti 
NERSURA SSE og 
KT (120) 


Nn RA) oe & 


6.5 Measures to Minimize the Noise Figure 


The measures that should be taken to obtain a low noise figure can be concluded from 
; the noise figures in (126) and (127). First of all the signal frequency should be lower than the 
 idling frequency, and the difference between them should be as wide as possible, thus making 
it more difficult for the idling noise to be transformed into signal noise. Secondly, the antenna 
and idling input should be separated by filters, and the idling input circuit separately cooled, 

thus minimizing the idling input noise power. Thirdly, losses and temperature in the filter 


ladder should be kept as low as possible, thus avoiding additional thermal noise. 
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Discussion 


The theoretical treatment has shown that parametric travelling-wave amplification is 
obtained when certain phase conditions are fulfilled. When the group velocities of the signal 
and idling waves are equal, wide-band amplification is obtained, and this is the principal 
advantage of the travelling-wave amplifier over the single parametric amplifier. To this is 
added the advantage of the unidirectional, stable gain in the wide-band parametric 


travelling-wave amplifier. 


However, the greatest advantage of parametric amplifiers is still the possibility of ob- 
taining amplifiers with a low noise figure. The principal ways of minimizing the noise figure 
are wide separation of signal and idling frequencies whereby the signal frequency is lower 
and separate cooling of the idling input circuit. From practical reasons wide separation of 
signal and idling frequencies is preferred. 


In the literature some practical parametric travelling-wave amplifiers developed by R. S. 
ENGELBRECHT!? have been described. These amplifiers have amplified signal frequencies up 
to 650 Mc/s, and have given considerable bandwidths. The circuits used have been of low- 
pass type. 


If consideration is now made of the desirability of wide separation of signal and idling 
frequencies, low-pass structures have certain drawbacks. It can be shown that if the signal or 
idling phase shift is decreased the amplification is also decreased. Thus it follows that in a 
low-pass structure the signal and idling frequencies can be widely separated only with 
considerable sacrifice of gain. This leads to the possibility of using band-pass structures 
where the signal and idling frequencies can be separated without sacrifice of gain. The layout 
of band-pass structures will be determined by the desired amplification, bandwidth and noise 
figure. 


When predicting future development in parametric travelling-wave amplifiers, it can 
be noted that varicaps available are already applicable to parametric amplification up to 
frequencies of about 10 kMc/s. Thus the basic components are available, and it can be 
supposed that future work on parametric travelling-wave amplification will be concerned 
with the development of various parametric filter structures usable at higher frequencies 
and giving low noise figures. 
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The purpose of the present article is to determine theoretically the electromagnetic 
field generated by a cylindrical transmitting antenna, which is fed by a voltage of giv- 
en, non-sinusoidal timevariation. The mathematical formulation chosen yields a cer- 
tain type of mixed wave equation problem. By considering a combined EMF and cur- 
rent generator feeding method related to an infinite antenna it is shown that the field 
can be considered as built from an infinite set of elementary travelling waves being re- 
flected at the antenna ends. These waves are determined exactly and their relationship 
to the travelling wave antenna theory of Hallén is demonstrated. 


& Division of Theoretical Electrical Engineering, Royal Institute of Technology, Stockholm. 
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Introduction 


The theory of the cylindrical antenna was developed by HALLÉN (see the bibliography) 
and his followers. Out of a great many papers published in this range only two (as far as the 
author has been able to discover) contain serious attacks on non-stationary, non-homo- 
geneous problems. 

In HALLÉN (1939) the absorption of unperiodic radiation is treated by means of HALLÉN”S 
linearization method. SCHMITT (SCHMITT 1959) has investigated the properties of transient 
communication between two antennas theoretically and experimentally. His paper, however, 
provides no essential contribution to the theoretical aspects of the problem. 

The successful travelling wave antenna theory created by HALLÉN (HALLÉN 1948 a, b, 
1953, 1955, 1956) hints a natural approach to transient antenna problems. In the present 
paper the travelling wave structure of the electromagnetic field around a cylindrical trans- 
mitting antenna is investigated theoretically. 


CH APSRERR AH 


General Electromagnetic Considerations 


We first state the following theorem. 

Any electromagnetic field due to electric charges and currents continuously distributed 
along a closed surface S is uniquely determined by the prescription at each point on S of 

a) either the tangential component of the electric field strength 

b) or the electric surface current density = na x the jump, H.—- H;, of the H-vector at 

the surface 
and at each point of space of 

c) the values at some instant t, of all the electromagnetic field components. 

The statement is an immediate consequence of POYNTING'S theorem and a slight variation 
of a well-known uniqueness theorem of electromagnetic theory (cf. STRATTON 1941, p. 486). 
The difference between any two solutions of MAXWELL'S equations describing a physical 
situation as above and satisfying conditions a —c has a POYNTING vector the normal compo- 
nent of which at any point of S is either continuous and zero (condition a) or at least con- 
tinuous (condition b). Thus the total field energy rate of increase throughout space (inside 
and outside S) will always be zero. As the energy at ty, is zero it will remain zero. Hence the 
corresponding electromagnetic field vanishes which establishes the theorem. 

Incidentally, from a mathematical point of view, the above result is equivalent to a unique- 
ness theorem on a certain class of mixed vector wave equation problems. The corresponding 
mixed scalar problem prescribes CAUCHY values at / = ft, and either the functional value 
jump by a continuous normal derivative or the normal derivative jump by a continuous 
functional value at any point of S (cf. PETROWSKI 1955, p. 122). We now apply these results 
to a straight cylindrical antenna, consisting of a thin metal tube of negligible resistivity and 
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being operated in a TM-manner. Suppose that at some instant when the antenna is electrically 
dead a distributed longitudinal, axial-symmetric surface EMF is applied to some parts of 
the antenna and that a likewise longitudinal, axial-symmetric surface current is injected 
along other parts (where the antenna may then be considered as removed). Then this deter- 
mines mathematically and physically a unique electromagnetic field inside and outside the 
antenna. 

The HERTZIAN vector of any electromagnetic field in free space, due to charges and cur- 
rents and having its origin at a time 4, not infinitely remote, could be defined 


å 
TS N=2 fAs>, 2 T)AT (1.01) 


where Å is the vector potential. This gives 


elen 
TIC Vv, 2 NE dv (1.02) 


4 NEO 


where 


P()= [IDA (1503) 


J being the current density vector. P has the same dimension as a dipole moment per unit 
volume. Incidentally, it is clear from simple considerations that an electric polarization 
according to Eg. (1.03) yields the same electromagnetic field — but not the same D- 
vector — as the actual current-charge distribution. With V denoting the scalar potential 
one immediately gets the well-known relations 


Je - = (1.04) 
V= — div II (1.05) 
and, finally, for the electromagnetic field 
E= curl curl II — = (1.06) 
0 
B= > curl 5 (1207) 


If our antenna is operating as described above the antenna current will everywhere be 
longitudinal and the IT-vector will have but one cartesian component with suitable orienta- 
tion of the coordinate system. As in stationary theory the complete determination of the 
electromagnetic field corresponding to a TM mode of operation is reduced to the finding 


of one single scalar quantity. 
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CHA PTER2 


Formulation of the Problem 


A voltage 2V,(t) being zero when t£ < 0 is maintained across an infinitesimally small gap: 
between two straight, circularly cylindrical thin metal tubes of radius a, lengths l, and I; and 
negligible resistivity (see fig. 1). The function Vy(f) is assumed to be infinitely continuously 
differentiable (even at £ = 0; step and pulse voltages are treated as limiting forms, see below). 

The magnitude IZ(r, z, 1) of the corresponding HERTZIAN vector will then form a con- 


tinuous function satisfying the following conditions. 


a) 
when r>a 
b) 
C)laCr= a 
d) 


if 


1 9 ( 2 Mm Ar RM 


r— = . = 
r orN or 22 & IN 


TÖrN ar 


1 
-( 5) 20080) when -—-L<z<h 


2 2TT. 
(EO) 2200 (7 2 23) = 


drdt — Irat 
Al 


when 
z< —I 


(2.01) 


(200) 


(2.03): 


(2.04) 


With respect to Eq. (2.01) condition c) is equivalent to the statement that along the antenna 
II forms a set of undistorted waves travelling with velocity c (cf. HALLÉN e.g. 1953, p. 403 — 


404). 


In condition d) the indices e and i refer to the external and internal field respectively. 


2V,(6) $ c 


140 


EN | 


BIS 


X 11043 


When applying the uniqueness theorem of Chapter 1 to the problem just stated it must be 
remembered that our field is bound to have singularities at r = a; z = — [by 0 Ira 


Yet by considering these singularities as the result of a limiting process containing con- 
tinuously differentiable functions the theorem may still be applied. One may also, when 
applying POYNTING”S theorem to a solution difference, exclude three tori of radius &€ con- 
taining the critical circles. The character of the singularity near the feeding gap is described 
by a pure electrostatic field (see Chapter 5), known in advance. Further the magnetic field 
near the antenna ends will be bounded whilst the electric field increases as e"”/:, Hence the 
contribution from the ring surfaces will tend to zero with &€ and our theorem holds. 


In any boundary problem of electromagnetic theory a given boundary value will not 
affect the solution in a point at a distance d until a time — has elapsed. Our feeding voltage 
(6 


27,7) will thus generate a field being zero outside the expanding wave front (r — a)? + z? = c"1?. 
Denote by II, the HERTZIAN vector in the case of an infinite antenna. Then IT, = II when 


l : 
t<3,1t<2 We now define IT, , as describing the field generated by a current — I, (z, t) — I, 
c c 
being the current, corresponding to II, — injected into an infinite antenna in the region 


l 
Z>h 153 wil then be zero until £ = = and the corresponding field will thereafter expand 
(& 


2 LX? : 
outwards, its wave front being (r — a)? + (z — L,)? = ce | t— - . II, + IT,, ; will then —be- 


cause of identical boundary values — describe the actual electromagnetic field in any point 
until the first reflection at z = — I, starts influencing it. We further analogously define IT, 
as characterizing the field generated by-—-/J, injected in the region z <-/I of an infinite 
antenna. Generally each elementary field IT. 1,» and I. 2, n 1S defined as generated by a current 
cancelling the current of the preceding one as soon as it reaches outside the limit of our 
finite antenna. Thus with p >0: 


E,, 2p+1- 0 | When ter lh 
E. =10 
SR (2.05) 
I Ge 
a ER | when z>h 
I op = — I, op-1 
bara" | yen z> —lI 
E. =0 
2,2p+1 (2.06) 
[ = —-/J 2 
ed ög | when z< —L 
dorgpa — I, op 


the letter E everywhere denoting the z-component of the electric force at the surface. 


Obviously 
IT = II, + ZE UT, n + I, n) (2.07) 
n=1 
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as the boundary conditions of the left and right members of this equation—described by 

Eq:s (2.03—2.04) and (2.05-—2.06) plus the above discussions, respectively—are identical. 

Each term in the right member of Eq. 2.07 has the character of an elementary travelling 

wave generated by an infinite antenna. The wave IT, ap describes, for instance, a field gen- 

2pl,+(2p-1)1 
GC 


and outside 


erated after 2p antenna end reflections, being zero when t < 


| 2pl, +(2p- VN? 
(-0+e+re( 2 = 2) 
Its value will obviously depend on the pre-history of the total field (2p, I,, I; ete.) but not on 
fortheoming reflections. The close relationship of these waves to those of HALLÉN'S theory 


will be demonstrated in Chapter 7. 


CHAPTER 3 


Calculation of the Outgoing Wave 


We now proceed to calculate the outgoing wave I7,. Thereby condition d) of the preceding 
section is eliminated and Eq. (2.03) is valid for all z-values. For the sake of brevity we drop 
index zero in the following. 

The substitution 


il 
2 (ct — z) 
| (3.01) 
je z (ct + z) 
yields 
12 ,2H I Ö 
IRAN GM 2x0y GU 
We now dissolve I7 into a double LAPLACE-integral 
TJ 1 SÄX FS, V 
SR LIF (TS NE dsrds (3.03) 
rs rs 
Ir y 
where I” s, and In sy are vertical paths in the right semi-planes and 
Oo0 60 
nm | fi &, nje Ev dEdn (3.04) 
0 0 


142 


With respect to Eq. (2.02) a LAPLACE-transformation of Eg. (3.02) gives 


1 ol, 


Thus I/,; must be a BesseL-function of order zero and argument r NV = SSy ASTLIIS 
necessarily bounded when r > co and when r —> 0 we get 


Ky (r VsxSy) 


KA (SES) = when r > a 
ä Ky (aVsxsy) 
Jr AA (3.06) 
AS Sy (rs 2 ) when r < a 
I, (av 5x5y) 


where Re VsxSy >0, I, and K, are defined according to (WATSON 1944, p. 77—78) and 
A(Sx, sy) is to be determined. 

LAPLACE-transforming Eg. (2.03) and substituting the results of Eq:s (3.05—3.06) we 
obtain 


[00] 


Cc 
Al s)=5 fe 
LärA 


0 


= (x+5y)r 


dt 


and, finally, after changing the order of integration and introducing x, y according to Eq. 


(3.01) 
=] var fena DN Ko(rVsxsy) ds, ds, 3.07) 
0 Ta 


Ko(aVsxsy) Sx Sy 


valid when r > a 


Making the substitution 


5 (=D (st 5) -3 (SSE 


(3.08) 
V5x5y=W 
one has 
ot Var [ct -T) — z2]w? 
a c(t — T) —z 
(3.09) 
Le- VE E0- DAT 
re c(t—-T)+zZ 
and the Jacobian 
2 (5x> Sy) äv (3.10) 


2 (2, w) " Va? — [ct — T) — 22] w? 
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We will now discuss the inner double integral &, of Eq. (3.07) by performing the substi- 
tution of Eg. (3.08) in steps. Denoting the original integrand F(s,, sy), G(Sx, 2) and H0w, 2) 


respectively, one has 
da 
o= flåsa | EC s)dsy= fås (G(O-7 29) ZE (3.11) 
LAT JE i 25, 


Sy 


where I”, is a vertical contour in the x-plane. As T', is independent of s,, we may invert the 


EE EG Z 


Here, in the inner integral dax =0. Consequently 


order of integration and get 


da 

AS 
T 
(SS) 


dsz= — 


and our double integral finally becomes 


pe - fö [HO Ia 


2 (2, w) 
i JG) 
= AS et da Ko (rw) dw (3.12) i 
Ir Kyl(aw) wVa?— [c2(t— TT) — z2] we 
18 Ty, (2) 


As JI7, vanishes when t—T < 0 and as it is further an even function of z we only consider 
the case t—T >0, z > 0. The properties of I",,(«) are easily discussed since the corresponding 
contours in the w?-plane are parabolas. 


Figs. 2 and 3 show the character of I',,(«) when c(t —T) > z and c(t —T) < z respectively. 
The signs of the square root at distant parts of the contour as well as the branch cuts of the 
analytic function integrated are also demonstrated. Thus when c(t —T) < z the inner integrand 


is regular to the right of the branch cut — K, has no zeros — and of asymptotic behaviour 
(FUEL | : 
> in the right semi-plane. Consequently, the inner integral is then zero. Similarly, 
w 


when c(t —7T) >z, I',,(2) may be deformed into a vertical contour I",,, having 


Rex 
Ve(t-tT)—z? 


O<Rew< 
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Fig. 4. 
As I',, is independent of x, we may again invert the order of integration, and get 


LG Kalrw) dw e da Å 
ET fa (aw) w GE [c2(t — 7)? — z2] w? 


w 


The character of I”,, the signs of the square root, and the corresponding branch cut are 
demonstrated in fig. 4. Deforming I", into a closed contour encircling the branch cut we 


: P0 ; : ; CK 
determine the «-integral to — 27tjI, (Vc? (t — T)? — z? w). Finally, as Iy(z) is asymptotically > = 


Vvz 
in the right semi-plane it is clear by contour deformation that $.=0 whenever r-a> 
FÖRAS SSOE 3 r— a) + z? | 
VeXt—-T)—z? that is when qt>1- VER | 
c 


We have thus arrived at the following final expression of the HERTZIAN vector 


V (r— a) +z? 
3 


(DE IKdG pelr, z,t— T)dTt (310 
0 
where 
= FER UI a a 
Dali =E Seen JAN SSE ER (3.14) 
r 


w 


valid when r > a. 
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By considering Eq. (3.06) and the steps of the following integration process it becomes 
clear that the internal electromagnetic field is obtained by exchanging Ky for Ijin Eg. 
(3.14). Thus when r < a 


be EN 
RE fos z,t- T)dt (BES) 
0 
where 
bil, 2, 0= = fyra NER 2É) (3.16) 


iz I Iy(aw) 
Ty 


By means of the substitution w—>-— w the integral of Eq. (3.16) may be evaluated as a sum 
of residues, namely 


= äg (Er ) 
ÖRE & 
$ilr, z,f)=e RA Z J (Even 2) (SE) 


m=1 SOM Jä (COM) ? 


where Eom are the zeros of Jy(x). Eq:s (3.15) and (3.17) express the internal electromagnetic 
field as a sum of transient TM wave-guide waves. 

Of course the integration process leading up to Eq:s (3.13—3.16) can be stringently justi- 
fied. For some physical reasons it is, however, interesting to demonstrate directly that our 
solution has indeed the properties a)—c) of Chapter 2. As some of the results of the next 
section will be needed in that discussion we postpone it for the moment. 


CHAPTER 4 


The Response of a Unit Pulse Voltage 


Eq:s (3.13) and (3.15) have a distinct physical meaning. They express the electromagnetic 
disturbance as superimposed by the influence of a set of unit pulse voltages occurring at 
instants T. Thereby & is the influence (GREEN 'S) function, or, physically speaking, the HERTZ- 
IAN vector response of a unit pulse voltage. Because of Egq. (1.04), (0 is also c? times the 
vector potential response of a unit step voltage. The upper integration limit expresses the 
wave front shape—or, rather, the latest instant at which a disturbance travelling with the 
velocity c must emanate from the feeding gap in order to have reached a given point r, z 


at a given instant £. 
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Introducing in Eg. (3.14) the new quantities 


3 
u= äg 
(4.01) 
Ve? pP-z2 
a 
the relation takes the form 
c SKyluw) dw 
- pA — 4.02 
a bank (4.02) 
r 


w 


that is, contrary to what might be expected, &, is a function of only two independent vari- 
ables. 


Similarly we have 


c fIy(uw) dw 
ind I) AP) OR 


& is singular at the wave front. However, writing when u >= 1 


$ = Vv? — (u — 1)? y(u, v) (4.04) 


w can be shown—as a consequence of the asymptotic properties of Ky, and I,—to be in- 
finitely continuously differentiable at the wave front v=|lu- 1 |: We calculate the corre- 
sponding leading term 


As -— dw = FEN PR ROTEN 
200 w3/2 nuv 


SEE 
NE LAR 


Similarly 


Pi MV 


Thus at a point in the wave front—with v=u-— 1 — we have 


BO 
zz (u-1) Vu 

(4.05) 
Sheva 
z (1—-u) Vu 


Generally, the wave equation can be reduced into an ordinary differential equation 
desceribing the distribution of a discontinuity along a characteristic surface—or, physically 
speaking, the wave front character during propagation (cf. COURANT-HILBERT 1937, p. 
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360—364). Thus, inserting Eq. (4.04) in the wave equation, we can—except for the nu- 
merical factor—state Eq. (4.05) directly, using the mere fact that w and its derivatives are 
finite at the wave front. 

To discuss the character of the wave front at the antenna itself—where & is constant—we 
form 


I (w) dw 


LLA RER x. (5) 
(ES ur xo () 


- K 
When v is small > a 1, and further SI, (w) dw=2j. Similar relations hold for 3 
T u 


Ko . 
Thus with 
ko Vi 
GE ME (0) 
we have 
2:C 
[vi els=0 re 


(4.07) 


Eq:s (4.04—4.05) and (4.06—4.07) can be related by a geometric study of the wave front. 
They have the following physical meaning. If the antenna is fed by a pulse voltage, the 
electromagnetic field forces will tend to infinity in the vicinity of the wave front. The character 
of this singularity will be å-3/2 where Ö is the distance to the wave front. This statement 
being true at the antenna itself, we conclude that the antenna current and surface charge 
density show the same å-3/2-behaviour near the wave front. 


Turning to Eq. (4.02) we want to express &$, as an outwardly real integral. This could 
be done immediately by letting I',, be the imaginary axis, indented at the origin, and ex- 
changing Ky, I, for Hy, J, with a real argument. In order to get an integral with exponentially 
decreasing integrand we keep, however, the functions Ky, I, and transform Eg. (4.02), making 


use of the relations 
Ky (ce ti”) = Ky(z) = ja) (2) (4.08) 


derived from the formula 


AOI KE (og ; är 7) + k(2) (4.09) 


where 'y is EULER”S constant and k(z) is regular and zero when z=0. 
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According to Eq. (4.09) the indentation integral mentioned above equals c and we get 


Ad 
joo 
1 SKy(uw) 2 dw 
RR K.09) [Ky (vwe 7) — Ky (vw)] 3 
- je 
1 SKy(uw) EW 
7 00) EI (4.10) 


1 T Ky(uw) Kyluw) + jz) luw) | dw 
ao K)0v) ; Ka(w) + jz) (w) | w 


1 i Ky(uw) Ky(uw) —jzaIy(uw) | dw 
FOO 


= je 
Now according to Eq. (4.09) indentation integrals corresponding to the last two integrands 
tend to zero as €>0. Consequently deforming the integration paths into the positive real 


axis, we obtain 


[0.0] 


I,(w) Kolvw) [7 (uw) Ko (w) = 1,09) Ko (uw)] 
VR 2ef wK aw) [Ka0v) + 2 1200)] 


dw (4.11) 


valid when v >u—-1 >0. Because of the exponentially decreasing integrand of Eq. (4.11), an 
arbitrary number of differentiations of &, with respect to u and v may be performed in the 
integrand directly. (Eq. 4.02 may only be formally differentiated once.) 
d 
The quantity (Z) is fundamental in calculations of the antenna current, the surface 
Ulu=1 

charge density and the energy radiation (see below). The antenna current by a unit step 
IP. 2) u=1 


Juri ga 


, 1S a function of one variable only. 


feeding voltage, —2=xe, ( 


il 7 
v=— Vert z? 
a 


Since 
I(2)K(2) + L(e) Kole) = = (4.12) 


we have, according to Eg. (4.11) 


28) ac IOMKA0M) 
Enka i Ka (00) [K300) + TRO) (4.13) 
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Because of the monotonic character of the integrands, the tabulation of pe according to 


d 
Ea. (4.11) and of (3) according to Eq. (4.13) should be comparatively easy. The 


u=1 
outer electromagnetic field at a given point due to a given feeding voltage is determined by 
Eq:s (1.06—1.07) and (3.14). It seems likely that even such field values—and certainly the 
antenna current—could be numerically estimated from such tables without too much 
computation work. 


We now turn back to demonstrate that the function I7 defined according to Eq:s (3.13— 
3.17) has the properties a)—c) of Chapter 2. 


As II is zero outside the wave front condition b) is obviously satisfied. We further have 


c when le] = 


GG AA, DNE 


0 when Jz| > ct 


Relation (2.03) is then easily established as soon as Eg. (2.01) is verified. 


The upper integration limits of Eq:s (3.13) and (3.15) may be chosen to infinity. The 
natural way to establish the relation [7] /7=0 would then be to differentiate these equations 
under the integration sign. As & is singular at the wave front, this cannot, however, be done 
directly. On the other hand & represents a true electromagnetic field having—in a physical 
sense—the properties b), c) and even a). The difficulty mentioned above is thus only formal 
and can be mathematically overcome in a way, closely related to the above physical ideas. 


We first state, that & is a "weak solution” (cf. SCHWARTZ 1957) of the wave equation 
throughout free r, z, f-space, i.e. that the integral throughout space f[/[//&4 Ou dvdt vanishes 
for any infinitely differentiable function u being zero at points sufficiently remote. To prove 


this we note that 4 satisfies the wave equations inside the wave front. This can be shown 


by formal differentiation of Eq. (4.11) and by proving that [I R,>0 where R, is the re- 
mainder of Eg. (3.17). Further, applying GREEN'S generalized integral theorem to a 


region slightly inside the characteristic cone cr? — (r — a)? — z?=0—note the resemblance to 
the integration method of HADAMARD—wWe find that 


SN 9 Cu dvdt=0 RR 


edt 


when the point in question approaches the wave front. This condition—meaning that the 
wave front slope, though infinitely steep, remains stationary——is easily established by means 
of Eg. (4.04). 


Secondly, as a consequence of definitions it follows immediately from Eq:s (3.13) and 
(3.15) that I7 is then also a weak solution of the wave equation. 


Now any twice continuously differentiable, weak solution of the wave equation is also a 
strong” solution —i.e. a solution in the ordinary sense—a fact which is easily demonstrated 
by means of GRrREEN's theorem. As Il is twice continuously differentiable—again as a 
consequence of Eg. (4.04)—the relation [/7=0 is established. 
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CHAPTER 5 


Solution Character Near the Feeding Gap. Energy Radiation 


In the vicinity of the feeding gap the surface charge density must be essentially electro- 
statically distributed. Consider a thin plane metal sheet placed in the yz-plane, cut along 
the y-axis and with a voltage 27, applied between its two parts. This situation is physically 
equivalent to our gap problem which should then on each side of the antenna have a surface 


SYRE ; . 280 
charge distribution with a leading term 970 for small z-values. 
HZ 


The external antenna surface charge density is given by 


DNM 
de(Z, t)=E0 (55) Å (5.01) 


We have 
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& SS 
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Using Eq:s (4.06—4.07) we find by means of the substitution Tr the leading term of Eq. 
Zz 


(5.03) when z is small 


ge (NE 


tdt 
= = 200000) | 2 at 00) 
0 


Zen V, 


00 01) (5.04) 
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as was predicted. Similarly the external antenna current can be written 
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2 
I.(2,t)= = 27ne0na | Å = 


JEAN 
Vecko z2 
FOTON E vdv 
= 2neyat | Vi (c - Va RE ) (5 0 (5.05) 
5 e Ju /u=1 c Vav? +z? 
that is 
Ie(E;t) = SE ANN (5.06) 
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where the leading term expresses a capacitive current charging the region around the feeding 
gap electrostatically. 


We thus recognize the fact, well-known in antenna theory (see HALLÉN 1953, p. 417) that 
an idealized feeding gap represents an infinite parallel capacitance and that the electro- 
magnetic field energy will, consequently, be infinite whenever the feeding voltage differs 
from zero. 


Regard for the moment the antenna as being of finite but small thickness. Consider further 
a surface S generated by the lines of electric force and bounded by a simple closed curve 
C according to fig. 5. We apply SToKE'S theorem to MAXWELL'S equation 


2D 
HÖ 
curl J+ I: 
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lf 


IS 


and the surface S. Thereby the displacement current through S will tend to zero as z—> 0. 
(Note that the lines of electric force are essentially stationary.) Thus 


$ Hds=I.(z) + 0(2) 


the circulation integral taken around the outer circle of C. This result can, of course, be 


computed directly from Eq. (5.02). 


Further 
YEEdsE=2 002) 


along any line of force connecting the two antennas. With respect to Eq. (5.06) we thus find 
the rate of energy flow into a region outside the antenna and outside the surface S extended 
to both antenna halves 


P=2V,I(2)+o0(1) (5.07) 


H 


Eg. (5.07) contains a term — 8eyaV,V0 log 122 singular at z=0 and expressing a purely 
a 


electrostatic power transfer. Its time-integral, expressing an electrostatic energy, vanishes 
if Vj=0. We thus find the total energy W radiated from an antenna whose driving voltage 
is of finite time-duration 


[o0] 


W = lim fenan T) dt (5.08) 
z—>0 
0 


as could be expected. By introducing Eq. (5.05) and inverting the order of integration we 
find for an infinite antenna 


oc oc 


W= -4ze0a | 2 (5). fra Vo (c -2) dt (5:09) 
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c 


the convergence of the outer integral being assured by the fact that the inner integral tends 
to zero at least as v when v —>0. 


For physical reasons W must obviously be a positive quantity. To show that this is indeed 
the case we make some transformations. 


After integration by parts and the substitution T— = —>T, the inner integral of Eq. (5.09) 
c 


fv (r + 2) Vy (tT) dt 
0 


becomes 
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Integrating now the outer integral by parts, we obtain 


4zx (1 (20. 
W =- Nä & 
Ze (Fe). 220) 
0 


fra |” DA (r+ 2) Ja 


the inner integral tending to zero at least as v? as v>0. Now the inner integral of Eg. (5.10) 
can be written 


av 


ee Sp (242) frame 
ö 


0 
: AR d : | 
and is hence positive. As (3) is an increasing function of v —see Eq. (4.13)— we have 
u=1 


shown that WW > 0 for any Vy), which was to be proved. 


CHAPTER-6 


Reflected Waves 


The determination of the reflected, transient, waves defined in Chapter 2 is, of course, a 
more involved problem than the calculation of I7,. The essential difficulty lies in the more 


: 2 ör : HÖ oll 
complicated boundary condition, prescribing one functional property, RR (r 5) 


JAN BN 
drat — Irat along 
the rest. The increasing number of independent parameters by repeated reflections is, on 
the other hand, only a trivial complication. As is done by HALLÉN, we will remove it by 


making some natural simplifications. 


along one, semi-infinite part of the antenna, and another, — 2 zeya ( 


Consider the current distribution of an elementary wave in a region near the end at which 
it is reflected. Suppose further that the antenna radius as well as the distances to the antenna 
end from the points within the region and from the wave front of the wave in question are 
all small compared to I, and I. It seems likely that the current distribution can then be 
approximated as an undamped, undistorted travelling wave. As to the outgoing wave I7, this 
can be confirmed directly by means of Eg. (5.05). (The internal field is supposed to be damped 
out as the frequency spectrum of Vit) will normally be essentially within the cut-off region 


of the wave guide formed by the antenna.) 


ISS 


When determining the elementary wave generated by the above wave at its reflection we 


are thus led to the following problem. 


Find a continuous function IZ(r, z, t) such that 


="0 when r & a 
al 
2 ÖN ARNE 10 
dt S 
all 
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JIM JAN ctr Z 
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As in Chapter 3 we put 
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LAPLACE-transformation of Eq. (6.03) yields 
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With respect to Eq. (4.12) we similarly deduce from Eg. (6.05) 
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(6.01) 


(6.02) 


(6.03) 


(6.04) 


(6.05) 


(6.06) 


(6.07) 


(6.08) 


(6.09) 


(6.10) 


where 
[0.0] [00] 


I; = feta fi nje dn (6.11) 
: 


0 


B(sx, sy) can be determined from Eq:s (6.08—6.11) by means of a discussion analogous to 
the HOPF-WIENER solution method of certain integral equations with semi-infinite integra- 
tion interval (see TITCHMARSH 1937 p. 339). 

According to Eq. (6.09), (E,), must be expected to be regular when Re (SEE SEO) 


Res, >0. Similarly, by Eq. (6.11), j will be regular when Re (s, + sy) > 0, Res, > 0. Further, 
the quantity 2K)/I, (a Vsxsy) can-—see HALLÉN 1956—be written 


NN Dyrt 
AE 


K, la Vs,s,) = 6.12 
21, 0 (a V5x Sy) - =S Sy 5 ( ) 
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where 
Tog [21,K, (a VE BI) 
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pi, 202, B) = exp Su > ö (6.13) 
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The branch cuts run horizontally from the branch points + to infinity. The square root 
denotes that functional branch which for large real ö-values equals || and the integral is 
to be interpreted as a CAUCHY principal value. Suppose that / is given and that 0 <e <å < 

< - Im. Then in the region Im 2 > —&, (2) is regular and 


ky, < Ip (2) Vla NN Bl <K, 


where k, and K, are fixed numbers. Similarly, in the region Im z < &€, pl(«) is regular and 


SS IP200)) <K, 
vla+ Bl 
We now write Eg. (6.10) 
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Consider for the moment s, + sy as constant. Then the left member of Eg. (6.14) is o ([sy — 
—s,|) and regular if Re (s,—s,) <2e whilst the right member is regular and o ( Is, = sx) if 
Re (sy — 5) > —2e. Hence by the principle of analytic continuation and LIoUVILLE's theorem 


SY 


both members are equal to a constant throughout the (s, — s,)-plane. In other words, they 
are functions of s,+s, only. Putting s,=0 in Eg. (6.14) one finds 
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Inserting this result in Eq. (6.06) and inverting the order of integration we finally obtain 
the reflected wave 


IR, 23 = fnOb z,t - T)dt (6.16) 
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valid when r > a. The solution when r < a is obtained by exchanging as before 


Ko(r V5x5y) Or if (r VS5xS5y) 
Ko (a Vsxsy) I o(a VSxsy) 


Finally by making in one of the /”-integrals the substitution 


and considering the analytic properties of P1, 2 described above, it is easily proved that 
pr =0 if c—(r— a)? —z2< 0. 


Obviously any elementary wave, defined according to Chapter 2, may be calculated by 
the above method. 
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Comparison to HALLEN's Theory 


If Vy(£) is a sinusoidal voltage, each one of the elementary waves defined in Chapter 2 
will approach stationary conditions meaning e.g. 


Fi n(1t)= Ref FF) + Fila) (7.01) 


where F denotes any electromagnetic field component and Fl » COrresponding to free 
oscillations of the antenna, tends to zero as t— oo. 


The electromagnetic field around the antenna at any moment is built from a finite number 
of elementary waves according to Eq. (2.07). (The high-index waves have not yet started 
developing.) By choosing first N(e) sufficiently large we get 


(Fi, ar MN ser and Te n +F>, RJ 


2M38 


| 
meaning that the corresponding waves are attenuated out because of a high number of 
reflections. But with t > T(N, €) 


| pl 
| Fo + E(Flat Fl <eE 


since the free oscillations tend to zero. This means that the stationary field may be thought 
of as an infinite sum of elementary waves having reached stationary equilibrium. Each one of 
these stationary waves must then be identical with a corresponding wave of HALLÉN'S 
theory, a fact which will now be demonstrated. 


The principle by which one wave is generated by its predecessor is identically the same as 
in HALLÉN'sS theory. The physical meaning of Eq:s (35.46—47) in HALLÉN (1953), for in- 
stance, could be put in the following way. The current generating the n'bh wave exactly 
cancels the current of the (n— 1)" on the far side of the reflection point. On the other side 
the E,-field generated by the current vanishes. 


This yields exactly the same boundary conditions as those stated in Chapter 2 which 
proves the identity predicted above. For the case of the outgoing wave the identity will 
now be shown directly from the solution calculated in Chapter 3. 


Any electromagnetic quantity is uniquely determined by the total antenna current, which 


we will thus choose as characteristic property. 


Putting Va(f)= Vjej”t we get 
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and 


Putting now 6 =, -Jjd (Py real, d > 0) and choosing I", : Rew=e <Ö we may invert the order 
of integration getting 
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(In both integrals the branch cut connects the branch points and the square root denotes 
that functional branch which at distant points is equal to u and v respectively.) 
It now follows from FOURIER'S integral theorem 
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Fig. 6. 


Finally making the substitution Vv P+wi=0, we obtain 

i -ja lz] 
RA) / gj Be = — da 
SJR IK (ANG 
T12 


(7.09) 


The character of I';, as well as the branch cuts and the signs of the square root at distant 
parts of the contour are demonstrated in fig. 6. 

Because of the exponential factor, I',, may finally be deformed into the real axis whereby 
i (z) takes the well-known form of the steady-state solution (cf. HALLÉN 1953, p. 409). 

This paper thus has a strong connection to the HALLÉN theory. HALLÉN bases his investi- 
gation on integral equations, but this difference is only methodical and not essential. As is 
well-known, any boundary problem of the wave equation may be formulated as an integral 
equation connecting its boundary values and having a GREEN'S function as a kernel and 
vice versa. 


It may also be noted that while on one hand the waves of HALLÉN'sS theory represent the 
stationary equilibrium of II,, , etc., it is hence possible to construct by means of FOURIER 
synthesis the transient waves from those of HALLÉN. Apart from the formal difference 
mentioned above the calculations of Chapter 6 are essentially such a synthesis. As none of 
the integrals could be transformed or evaluated this is obvious even from the outer appear- 
ance of the solution (cf. HALLÉN 1956, Eq. 57 a). 
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The transmission performance in presence of circuit noise of different types is a 
very important question. Comprehensive work has been done during the last 
decennium by Telephone Administrations, Recognized Private Operating Agencies, 
Industrial Organizations and the CCITT Laboratory in Geneva. The tests carried 
out in the CCITT Laboratory have been made using the AEN technique but 
according to the fact that this method suffers from many serious artificialities a 
new method, based on the opinions of ordinary telephone users, has been 
adopted by the International Telegraph and Telephone Consultative Committee, 
CCITT. This new method has been developed by Mr. D. L. Richards of the British 
Post Office Research Station. The new method has been used in other laboratories 
than the CCITT one. Results obtained from both methods are given. 


The most extensive opinion tests have so far been carried out by the British Ad- 
ministration and the results obtained are the only ones that can be used for calcu- 
lation of the transmission quality in presence of circuit noise. Therefore, only 
the British data are used in the present article. 


Much work remains to be done ere all the noise questions raised by different 
Study Groups of the CCITT can be fully and finally treated. 
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Introduction 


The effect on transmission performance of circuit noise of different kinds belongs to some 
of the most important questions originally entrusted to Study Group 4 of the International 
Telephone Consultative Committee, CCIF, and later on (1956) to Study Group 12 of the 
International Telegraph and Telephone Consultative Committee, CCITT. 


Two different test methods have so far been used for the determination of the reduction 
in transmission quality due to circuit noise, namely ""articulation tests” using the AEN 
technique and "opinion tests” based on the opinions of typical telephone users. Articula- 
tion tests have been made in the CCIF-Laboratory in Geneva. The results obtained from 
these tests were studied by Study Group 4 at a meeting in Geneva 1954. It was then surmised 
that the impairment values obtained were too great, articulation tests suffering from many 
important artificialities, which will be mentioned in Chapter 3. 


Therefore it was decided to use a new testing method, developed by Mr D. L. Richards 
of the British Post Office Research Station at Dollis Hill, London. Such tests, named 
opinion tests, are based on the opinions of a great number of typical telephone users and 
can not of explicable reasons be carried out at the CCITT-Laboratory. 


Special attention is drawn to the article by D. L. RICHARDS and J. SWAFFIELD, "”"ASsess- 
ment of Speech Communication Links”. (See Bibliography). 


Opinion tests have been made by a few Telephone Administrations and Private Operating 
Agencies besides the BPO. The BPO results are sufficiently extensive for direct application 
to problems connected with the effect of circuit noise on the transmission quality and are 
therefore the only ones which will be dealt with in the present article. 
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Articulation Test Results 


Three different types of commercial telephone systems have been used in the articulation 
tests carried out at the CCIF-Laboratory using the AEN technique, namely Dutch, Swedish 
and Swiss systems. A commercial telephone system consists of telephone instrument, local 
line and feeding bridge. The results for the Swiss set only will be shown because this set 
most typifies modern practice and only slightly different results have been obtained for the 
Dutch and Swedish sets. 


In the present case the sending system of the "Articulation Reference System”, SRAEN, 
with its 300—3400 Hz band pass filter has been used as sending system. The Swiss com- 
mercial telephone systems have been used as receiving system connected to the sending 
system through a 600 ohm variable distortionless attenuator. The injected circuit noise was 
measured at the distant local receiving system by means of a psophometer of the type 
recommended by CCIF, 1951, the reading expressed in db relative to 1 milliwatt of circuit 
noise, i.e. dbm, the commercial telephone system being replaced by a pure resistance of 
600 ohms. A Hoth spectrum room noise of 50 db above 10-16 Watt/cm? was present in the 
listening room. The complete SRAEN-system with an injected room noise of 1.4 mV 
psophometric E.M.F. at the receiving end was used as a reference system. 


The Swiss commercial telephone systems consisted of the following: 
Telephone instrument type 1950. 
Microphone type AW BV 53/2. 
Receiver type Autophone TK 396 am/37. 


Local line consisting of an artificial cable having a total loop resistance of 360 ohms and an 
image attenuation coefficient of 3.55 db at 1,500 Hz. 


Feeding bridge 48 volts 350/350 ohms. 


The reference equivalent of side-tone for 50 db Hoth spectrum room noise was about 
+ 20 db and the receiving articulation reference equivalent was about + 1 db. 


Curve A in Fig. I shows the transmission impairment, I, due to circuit noise as a function 
of the psophometric reading, expressed in dbm, for the Swiss commercial telephone system. 
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This curve is of the form 


N + 68 
TENT2HOg (1+10 12 ) (11) 


where I is the impairment in db 


and <Nis the noise level in dbm at the distant local receiving exchange. 
This relationship has been found to apply for the following types of circuit noise: 


a. white noise, 

b. white noise limited in frequency bandwidth to 300—3,400 Hz, 
C. noise on a radio link, 

d. noise on a 60-channel carrier system on balanced pair cable, 
e. noise on a 12-channel carrier system on balanced pair cable, 
f. noise on a S5-channel carrier system on a rural cable, 


g. noise due to the reaction of rectifiers on the six-phase lines that feed them (the principal 
components of this noise had frequencies of 250, 350, 550, 650, 1,050, 1,350, 1,950, 
25050-25150525350,72:5507 2950 and 3.050 EIZz): 


The noise by induction from the DC-side of a six-phase rectifier (frequency components 
n - 300 Hz, a being integers) gave less impairment for the same psophometric noise level. 


Curve B in Fig. I shows the impairment, I, as a function of the circuit noise level, N, 
and is of the form: 


N + 60 
=D, oo (1 +10 12 ) (2) 


where I is the impairment in db 


and oNis the noise level in dbm at the distant local exchange. 


Comparing these two equations, (1) and (2), it will be seen that six-phase rectifier noise 
of a level of N dbm gives the same impairment as white noise of a level of (!V-8) dbm. This 
conclusion is believed to apply also when the impairment is assessed by opinions method, 


but has so far not been verified. 


In the absence of circuit noise the speech volume under the test conditions in question, 
measured with the ARAEN volumeter at the point at which the noise level was measured, 
was — 51 db relative to 1 volt. The difference between readings on the ARAEN volu- 
meter and the vu-meter obtained with continuously spoken speech has been found to be 
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— 3 db. Thus a speech volume of — 51 db re 1 volt corresponds to — 54 vu. Furthermore 
— 54 vu corresponds to a mean power of — 56 dbm, i.e. db relative to 1 milliwatt. 


The right hand ordinate scales in Fig. I show the corresponding speech volume in vu 
and in dbm as well as the junction attenuation in db for 80 2, sound articulation. Ifö 
example, the noise level is — 60 dbm the corresponding impairment (curve A) is 9 db, the 
attenuation setting for 80 =, sound articulation is 42 db and the volume is — 45 vu or 
— 47 dbm. Even if the impairment values obtained by articulation tests seem to be too 
high the AEN tests have given a valuable result regarding the classification of different 
types of circuit noise. 


GERANPIR ERS 


Opinion Tests 


Compared with articulation tests, which are one-way listening tests, opinion tests are 
more realistic for the following reasons. In articulation tests a highly trained crew of 
operators are used, the talking volume, the talking distance and the position of the hand- 
microtelephone are fixed and the speech material is meaningless Esperanto logatoms. 
Furthermore the speech volume at the distant local exchange is extremely low for 80 9, 
sound articulation which plainly appears from the curves shown in Fig. I. The operators 
consequently do not react to circuit degradations in the same way as ordinary telephone 
users. Opinion tests on the other hand are based on vigorous both-way conversation and 
the subjects participating in such a test are chosen from ordinary, untrained telephone 
users not directly concerned with speech studies and having no interest in the results of 
the experiments. The opinion tests are carried out under conditions which allow the par- 
ticipating persons the greatest possible freedom in their manner of using the telephone, 
thus approximating more closely to actual service conditions. Furthermore each person 
shall express his opinion once only within a test on any given circuit condition. If the 
subjects are used again on the same condition the results are to be analyzed as a separate 


replication. 


The telephone circuit to be used for the determination of the fundamental data shall at 
each end consist of the following: Modern type subscribers telephone sets, average sub- 
scriber's lines and feeding bridges, Hoth spectrum room noise at a level of 50 db. 


The two local exchanges are connected together through two 600 ohm distortionless 
attenuators with means for injecting circuit noise at the point where these are joined to- 
gether. By setting these attenuators to equal values, the same level of circuit noise will be 
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Fig. 2. Telephone connection used for determination of fundamental data. 
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G.  PICKED 
H.  SPENT 
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K. DESCRIBED 
US OÖSCENE 


M.  REHEARSALS 


Fig. 3. Caller's sheet. 
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FRANKLY PICKED DESCRIBED 


LOOKED PRODUCE 


Fig. 4. Respondent's sheet. 
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heard at each end of the circuit. As circuit noise white noise, restricted in frequency band- 
width to 300—3,400 Hz, was used, expressed as decibels relative to I mW psophometric 
power, measured at either end of the junction, i.e. at the terminal exchange. 


Fig. 2 shows the telephone connection used for the determination of the fundamental data. 


The same type of telephone instruments has been used in the telephone connection shown 
in Fig. 2, and in the hypothetical overall connection shown in Fig. 12, namely 13—2 P—27. 


Free conversation between the subjects is initiated by using random shaped figures, 
produced by plotting random numbers on a polar scale and drawing curves between the 
points. The figures are assembled on caller's (3 designs) and respondents” (12 designs) 
sheets each of which has an associated title and are selected at random. The procedure is 
for the caller to obtain the titles of his three shapes by giving to the respondent sufficient in- 


13 


formation to enable the latter to identify the figures. A caller”s and a respondent”s sheet are 
shown in Figs. 3 and 4. The caller describes thus the design in his own words and the respond- 
ent identifies the design, if necessary by questioning, and informs the caller of the word asso- 
ciated with that design. Then the caller writes down the code letter corresponding to the 
word. The subjects then exchange röles and converse again. For each test condition twelve 
pairs of subjects are to be used. At the end of this procedure each subject expresses his 
opinion of the performance of the circuit on a copy of the form shown in Table 1. 


Table 1. Opinion form 9. 


When notified by the operator, will you please mark by a cross your opinion of the 
telephone call you have just had. 
N.B. Please do not discuss your opinion with your companion. 


Excellent | Good | Fair | Poor | Bad 


[er I [ESKO TSSES SIR 


The Mean Opinion Score, Y, is calculated by scoring the numbers of opinions in each 
category as follows: 


4 for Excellent, E 
3 for Good, G 
2-för Fa, F 
TEfORKROOREE: 

0 for Bad, B 


A family of curves showing mean opinion score, Y, as a function of junction loss, X db, 
with circuit noise level, N dbm, as parameter can now be plotted. The form of these curves is 


Y=a +P (X-y)? (3) 


This family of curves enables the mean opinion score to be read off for any combination 
of values of X and N within the ranges covered by the test. 


The final results are required in the form of percentages of users who express various 
classes of opinions for any combination of X and N, for example E, E+G, E+G+F, 
BERGE RRSERR: 


The percentages of users who expressed the opinions E, E+G and so on can be plotted 
against mean opinion score. However, it is more convenient to transform the percentage 
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into ”probit” (equivalent number or fraction of standard deviations) and to plot probit 


against transformed mean opinion score, Vv 4— NG the curve thus obtained being approxi- 
mately a straight line over a useful range of Y. 


Table I, page 264, in Probit Analysis by D. J. FINNEY, shows Transformation of Per- 
centages to Probits. 


Values taken from these lines may be restored to their original units and a table may be 
prepared for various classes of opinions. 


CHAPTER 4 


Data for Calculation of Transmission Performance in Presence 
of Circuit Noise 


In order to obtain sufficient data for the final calculation of the transmission performance 
in presence of circuit noise BPO has carried out extensive opinion tests of two different 
types, namely one-way listening tests, where two different five-point scales were used, one 
based on preferred loudness (see Table 2) and the other on listening effort (see Table 3), 
two-way conversational tests the results of which are given in the form of percentages of 
subjects who vote for each of the five categories of an opinion scale (see Table I) as functions 
of junction loss and circuit noise. 


Table 2. Opinion Form 4. 


Opinion Ratings based on Loudness Preference 
Please express your opinion, when notified by the operator, by ticking the appro- 


priate letter. 


A Much too loud | 
B Too loud | | 


Cr; 


D Too quiet | 


E Much too quiet 
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Table 3. Opinion Form 7. 


Opinion Ratings based on Effort Required to Understand the Meanings of Sentences . 


Please express your opinion, when notified by the operator, by ticking the appro- 
priate letter. 


A. Complete relaxation possible; | 
no effort required. 

B. Attention necessary; | | 
no appreciable effort required. 


C. Moderate effort required. 


D. Considerable effort required. 


No meaning understood with any | | 
feasible effort. 


It has been found that a limited relationship exists between the results obtained from 
conversation tests and from one-way listening tests, probably valid for most speech links 
in ordinary telephone connections. This relationship depends upon the following two 
hypotheses. 


1” Listening condition impairments can be used for conversational conditions provided 
that the corresponding junction loss is known for the latter, i.e. the loss which results 
in the same listening level. 


2” The highest opinion score occurs at the same received level during conversation as 
during one-way listening. 


The curve given in Fig. 5 has been accepted as applying at a received level of —36 db 
relative to 1 volt in an one-way listening test corresponding to a mean opinion score of 2.5 


or at the same received level in a conversational test which corresponds to a junction loss of 
ad: 


The curve in Fig. 5 is of the form 


N + 53 
= 200 (1+10 20 ) 


(4) 


where I is the impairment in db 
and Niss the circuit noise level in dbm. 
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Xx 11149 
Fig. 5. Impairment as a function of noise level. 


This equation, valid for a junction loss of 27 db, enables family of curves to be determined 
relating mean opinion scores to loss between terminal exchanges for any value of circuit 
noise using the parabola equation 


NE CAR (3) 


where Y is mean opinion score and X is junction loss in db. This equation (3) applies also 
to a curve of mean opinion score as a function of received level in which case X is the level 


in db relative to 1 volt. 

For conversational tests using opinion form 9 the constants « and B are as follows: 
& = 3.35 (maximum mean opinion score independent of N for N not greater than — 45 dbm) 
y = —2.5 (junction loss at which this maximum is obtained) 


INT 


If these values for x and f are inserted in equation (3) the fundamental equation (5) for the 


calculation of mean opinion score at different circuit noise levels is obtained. 


| Y=3.35 + B(X +2.5) 


The value of £ is depending on the noise level. 


(5) 


In absence of circuit noise a mean opinion score of Y = 2.5 occurs at a junction loss 
of X = 25.5 db. Thus the corresponding value of £ = £, (no noise), using equation (5), 
becomes f, = — 0.00108. The value of $ for any circuit noise level can now be determined 


as follows: 


If X, is the junction loss in absence of circuit noise, 8, the corresponding value of f and £, 


is the value of fB for that noise level N, which produces an impairment of I, db, the junction 


loss being X, db, then 


Y=3354 Po (Kyrk 2.5) 335 pa Ni 25) 


(6) 


where Y is the mean opinion score for the two circuit noise conditions (without and with 


circuit noise). 


Thus 


Xx, = (X) + 2.5) | az = R2D 


but the impairment /, is 


L=X,-X, 
Or 
by 2 Bo 
1 AO (Xr) PR 
1 


and 


= (Xy tl 2:5) € = Vv 


Equations (4) and (9) give 


N + 53 


I, = (X) + 2.5) (1 - VE)-20 logo] 1 +10 20 ) 
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(7) 


(8) 


(9) 


(10) 


By means of this equation (10) the value of 8, can be calculated at different circuit noise 
levels N bearing in mind that X, = 27 db as mentioned before and B, = — 0.00108. 


It must be pointed out that X, always signifies the value of junction loss in absence of 
circuit noise. This value of X, must be reduced by the value of impairment in order to obtain 
that value of X, which in presence of a circuit noise with a level of N dbm gives the same 
mean opinion score as found in absence of circuit noise. 


If, on the other hand, the circuit noise is present in that point, where the junction loss is 
X db, then this value of X must be increased by the value of the impairment to obtain the 
value of X,. 


Using equation (6) 


(2025) VBR HSN (6) 
Thus 
[Br (11) 
No (AiEregN ES 
(Xi + 23) V B. 
but the impairment / is 
FANSEN (8) 
or RR 
"Br 
= (XT FI0R =— -2.5-X, 
AR 
Br pr 
=E ELSA EE EIN EDA 
VR SVR 
2 Bf ) 2.5 ( Ce 1) 
4 Po V Po 
and finally 


BG IVER = ) (12) 


Table 4 shows the following values calculated at different circuit noise levels, Nr, at the 
terminal exchanges. 


Column 2. Impairment I at a junction loss of 27 db using equation (4). 
REV Sa | 
Golumn 3. Ak — V =] using equation (10). 
p 
Column 4. £ 


Column 5. I - ') 


Column 6. Mean opinion score at a junction loss of 23 db, using equation (5). 
Column 7. Impairment I (23) at a junction loss of X, = 23 db, using equation (9). 
Column 8. Mean opinion score at a junction loss of 28 db, using equation (5). 
Column 9. Impairment I (28) at a junction loss of X, = 28 db, using equation (9). 
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Table 4. 
Junction Loss Junction Loss 
GCireui 23 db 28 db 
Noise | I'mpair- (Sa PS RE 
Level Ör CT Bo B V Br 1) Mean PES "| Mean le HÖ 
Nr (27) B Bo Opinion Er Opinion Sdb 
db Ko=23d0 S XO=28 
dbm Score 103) core 108) 
Y db K db 
RN EN EE EE a > 
None 0 0 — 0.00108 0 2:05 | 0 2,35 | 0 
— 75 0.66 | 0.0224 1|— 0.00113 0.0229 2.61 ÖS 2:30 0.68 
— 74 0.74 | 0.0251 1|—0.001135] +0.0258 2:04 0.64 2.29 (OZ 
— 73 0.83 0.0278 |— 0.00114 0.0286 2:01 0.71 2.29 0.85 
— 72 0.92 1 0.0312 1|— 0.00115 0.0323 2.60 0.80 EDR 0.95 
— 71 1.03 0.0349 |— 0.00116 0.0362 2.60 0.89 200 1.06 
— 70 1.15 0.0389 |— 0.00117 0.0405 2:59 0.99 2.26 119 
— 69 1.28 0.0433 |— 0.00118 0.0453 2:58 1.10 FA PIE) ES 
— 68 1.42 1 0.0482 1|— 0.00119 0.0506 2:58 1.23 2:24 14 
— 67 1.58 | 0.0536 |— 0.00120 0.0566 250 IN DR 1.63 
— 66 1.76 | 0.0595 1|— 0.00122 0.0633 2.506 ISS PAPER 1.81 
— 65 1.95 0.0660 |— 0.00124 0.0707 2.54 1.68 2:20 2.01 
— 64 2.16 | 0.0731 1|— 0.00126 0.0789 2003 1.86 2:18 2523 
— 63 2.39 1 0.0809 1|— 0.00128 0.0880 DDNe 2.06 2216 2.41 
— 62 2.64 | 0.0894 |— 0.00130 0.0982 2509) 2:28 2.14 2310 
— 61 2:91 0.0987 |— 0.00133 0.1095 2.49 PISA 2 3.01 
— 60 Sö 0.1087 |— 0.00136 0.1220 2 2 2.08 SRS 
— 59 3553 0.1196 |— 0.00139 0.1358 2.45 SOS 2.06 3.65 
— 58 3.88 0.1314 |— 0.00143 0.1513 2.42 3530 2.02 4.01 
— 57 4525 0.1440 |— 0.00147 0.1682 2:39 SÖK 1.98 4.39 
— 56 4.65 1 0.1576 |—0.00152 0.1871 2.36 4.02 1.94 4.81 
— 55 5.08 | 0:1721 |— 0.00158 0.2079 2052 4.39 1.88 SD 
— 54 5540 018761 0:00164 0.2309 2:28 4.78 1:82 NAD 
— 53 6.02 1 0.2041 1—=0:00171 0.2564 224 5.20 NG 6.23 
— 52 63547 1-0:22167- 1=— 0:0017.8 0.2847 219 S0S 1.69 6.76 
— 51 7.08 0.2396 |— 0.00187 03151 213 6.11 1.61 ERS 
— 50 7.65 1-0.:2593 1—0:00197 0.3501 2:07 6.61 1752 7591 
— 49 8.25 | 0.2796 |— 0.00208 0.3881 2.00 HAE 1.42 LESS 
— 48 8.88 0.3009 1|— 0.00221 0.4304 1.91 Od 1.29 9.18 
— 47 9.53 0.3230 |— 0.00236 0.4771 IS 8.24 INS 9.85 
— 46 10.21 0.3460 |— 0.00253 0.5291 1.70 8.82 1.00 10.55 
— 45 10.91 0.3699 1— 0.00272 0.5870 1258 9.43 0.82 11528 


Table 5 shows percentage of opinions E, E+G and so on for different values of mean 
opinion score as well as the corresponding probits. 


Probits as a function of transformed mean opinion score for E, E+G, E +G+F, 
E+G+F+P and P+B are straight lines (see Fig. 10) and the equations for these lines are 
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E Probit= =" 28 TMA 0 (13) 
E+G Probit = — 3.53 V4-—Y + 9.34 (14) 
E+G+F Probit= — 4.31 V4=Y +11.74 (15) 
E+G+F+P Probit=- 4.41 V4-Y +13.09 (16) 
P+B Probit= = 4.5 SMITA (17) 
Table 5. Percentage of opinions for different values of mean opinion score. 
Trans- 
Mean form. 
Öpiuick | oMeag E+G E+G+F |E+G+F+P P+B 
Score Opinion 
DCOT: CS TS EE AN f AE ON EN SE [ES ra OS 11 SE a Sn 
Md V4=Y | 2 |Probit] 4 |Probit! 4 |Probit] 24 |Probit! 2 |Probit 
0.5 1.871 1.20 | 2.743 | 9.4 | 3.684 | 43.6 | 4.839 | 90.6 | 6.316 
6 1.844 1ES21 028350 ST K3:8001 KAS:SkN 40570 38 SN EG 200 
7 1817 1.95 | 2.936 | 14.0 | 3.920 | 53.3 | 5.083 | 86.0 | 6.080 
8 1.789 2.41 213-023, [F16:8 | 4:0381 [58:01 | 5202 I 83:20 | 15.062 
9 ro 150151 122032) 3 TS 20 101 ETS SÅ 02 SS Se E801010] 51842 
1.0 157320 10:20 12-1227 [IE 328r0] 3 22611523:6 0 4:28 167.515 5:454 |K76.A5 [5:79 
1 1:70330 10:26 112.206 | = 4-8 ST3S0 Bö Talar nd 4081]k72201 5583 | 23 5502 
2 RB RADE FT | AE VARS SUG TT 
3 1.643 | 0.44 | 2.380 | 7.3 | 3.546 | 36.9 | 4.666 | 80.2 | 5.849 | 63.1 | 5.334 
4 156100] 0:56 0464 |ES 01653 421010 | fA:7981 SiS 5:08 7580 5202 
155 1581 IR 07311 12.558) |210:81 11 3.7035 LAT I] A4:932] 86:01 6122 | SZ) ES068 
6 1.549 51 0:93 12.647. | 13:0, | 3-874 II5S2:8, | 5.070 | 89.7. | 6.265 | 47.2. | 4.930 
7 15170 | OSTA0 15:60 3:98911158:21 1s5:2075] 92:01 | F6:4051 | F4T.8I01 4703 
8 1.483 1.53 | 2.838 | 18.6 | 4.107 | 63.8 |-5.353 | 94.0 | 6.555 | 36.2 | 4.647 
9 1.449 | 1.95 | 2.936 | 22.0 | 4.228 | 69.1 | 5.499 | 95.6 | 6.706 | 30.9 | 4.501 
2.0 141400 | 025 030401 125-800 FAI 510 TA 25: 050 06:91 | 686611 425:8 1 14350 
1 37800 351340 30-100 (AT4790 79:01) 15:806. | 198.051 7:034. | 121.086 | KA:194 
2 134200 3 9 310381 134,6 | 4.604: 183.210 5:9621], 98:54 |KTiLSIN FIG: ST 4038 
3 113040 | 05:05 113.3551]0 39.70 |A7391E86:9 61221 [99:06 | 7.350) 351] 81878 
4 126555 NG. 200 314621 KASLLN 24: 8700 90:21 £6:2034| 001421 E745241 9:81 3707 
25 JE2250 107: ESSB S0:75NES:0181 F92:8, 16:461,] 99.651] 746974 | MID |13:539 
6 1.183 | 9.7 | 3.701 | 56.6 | 5.166 | 95.0 | 6.645 | 99.80 | 7.878 | 5.0 | 3.355 
7 1140 | 12:01 3:825 | 62.4. 115.316] 96.6. | 6.325 3:40 IESIL7S 
8 1.095 | 14.8 | 3.955 | 68.2 | 5.473 | 97.8 | 7.014 2.2 | 2.986 
9 1.049 | 18.0 | 4.085 | 73.8 | 5.637 | 98.68 | 7.220 1:321[2780 
3.0 1.000. | 22.0 | 4.228 | 79.1 | 5.810 | 99.251 7.432 0.75 | 2.568 
1 0.949 | 26.6 | 4.375 | 83.9 | 5.990 | 99.60 | 7.652 0.40 | 2.348 
2 0.894 | 32.0 | 4.532 | 88.1 | 6.180 | 99.81 | 7.894 0.19 | 2.106 
3 0:83746 [38.100 [4697 | 91.74 116.385 
4 0.775 | 45.0 | 4.874] 94.5 | 6.598 
3.5 0.707 | 52.8 | 5.070 | 96.7 | 6.838 
6 0.632 | 61.2 | 5.285 | 98.24 | 7.106 
7 0.548 | 70.1 | 5.527 | 99.18 | 7.400 
8 0.447 | 79.3 | 5.817 | 99.71 | 7.759 
9 0.316 | 88.4 | 6.195 
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Fig. 6. f as a function of circuit noise level at terminal exchanges. 
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The results assembled in Table 4 can be converted into curves showing the percentages 
of subjects who express opinions E, E+G etc. by applying the relationships between per- 


centages and mean op 


in Table 5. 
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Fig. 7. Mean opinion score as a function of circuit noise level at local exchanges. 


Curve A. Junction loss 23 db. 


Curve B. Junction loss 28 db. 
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Fig. 10. Probit as a function of trahsformed mean opinion score. 


If for example the overall reference equivalent is 40 db, distributed as follows: 


Sending local system = 3 Vr Alsjeorcke. = NOM 
Junction loss I 20 My 
Receiving local system SENT Alygecn = 22 GD 


then this connection transformed to the hypothetical one will be as follows: 


Sending local system = 7 db 
Junction loss =j + ÅstÅR = 284+3+3= 34 db 
Receiving local system = 1 db 
Overall reference equivalent = 40:db 


If, for example, the circuit noise level is — 50 dbm 0 at the zero relative level then the circuit 
noise level at the local exchanges is 


28 
Nr = — 53.5 oa 615 dom =N 


for the connection in consideration. 


After the transformation to the hypothetical connection Nr is 
Nr=N-ÅAp= -67.5 —- 3 = —- 70.5 dbm 


the receiving system being 3 db worse than the average one. Thus it is assumed that a 
noise level of — 67.5 dbm in the first case will produce the same effect on the listener as 
— 70.5 dbm with an average line, the reference equivalent for receiving being 3 db worse 
as already mentioned. The transmission performance can now be easily calculated using the 
fundamental data given, bearing in mind that the junction loss is X = 34 db and that the 
circuit noise level is Ny = — 70.5 dbm. 


Table 6 shows mean opinion score as a function of junction loss and circuit noise level 
at terminal exchanges. 


Table 7 shows impairment as a function of junction loss, X, db, and circuit noise level at 
terminal exchanges. 


Table 8 shows impairment as a function of junction loss, X db, and circuit noise level at 


terminal exchanges. 
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Table 6. Mean Opinion Score as a function of junction loss and circuit noise level at terminal exchar 


B 


— 0.00108 
— 0.00117 


— 0.00118 
— 0.00119 
— 0.00120 
— 0.00122 
— 0.00124 


— 0.00126 
— 0.00128 
— 0.00130 
— 0.00133 
— 0.00136 


— 0.00139 
— 0.00143 
— 0.00147 
— 0.00152 
— 0.00158 


— 0.00164 
— 0.00171 
— 0.00178 
— 0.00187 
— 0.00197 


— 0.00208 
— 0.00221 
— 0.00236 
— 0.00253 
— 0.00272 


Average subscribers” lines. Opinion form 9. 


Y(10)| Y(11)) Y(12)| Y(13)| Y(14)) Y(15)] YO |Y (17) Y18)| Y(19)| Y(20)| Y(21) Y| 


| 
MU 
| 


| 3.18 315] 312 | 09 3.06] 302 cd 294] 290] 285 | 2.80) ATS 


| 3.17 | 3.14 210) 0 3.03 | 2.99 | 205 | 2.91 | 286 | 2.81 | ae 2.70 


a 


2.80 
2.80 
2.80 
Frid 
2.78 


2.95 2 
2.94 
2.94 
2.93 


2.93 


NNNNIN 


2:92 
2:91 
2:91 
2.89 
2.88 


2511 
2.76 
2 
2.714 
2 


FÖR ål RE BE ÄR 
2.13) 2:09 12.631 2.56 


NNNNIN 


2.86 
200 
2.83 
2.81 


2.67 
2.65 
2.02 


KaNNDASDNING 


26 
2.14 


2.56 
ÖSK) 


ta 
fe] 
N 


2 202 2 


s WD 
Oo 
Ne 


3.02 12:97 | 2:91 12.85! | 2:78) 2:71 112164 ]F256NT2:481E2:391 FOBO so Om 
3:00 12:95 12:89: 12:82 102750 2:67002:59:162:5 10 02"424152:330 2 20SNIN21S NE 
2.981 12.92 12:85 |F2:787 25715 IF2:631|12SAVIN2:ASI 12:36] F2r2,61 M2S16N Mor OSAIIE 
2:95 12:89: 1 2.821 2.:74:112:66 1 2.581] "2:48 | 2:30 1022911K2-18 207 SSU 
2:92, 12.85 |[2:78: | F2570NF2:618|]02:52 | 24221 2:321152 212001 OT ESS 


188 


Table 6 (cont.) 


Noise 

Level 

Nr B Y(23) | Y(24) | Y(25) | Y(26) | Y(27) | Y(28) | Y(29) | Y (30) | Y(31) | Y(32) | Y(33) | Y(34) 
dbm 

None | — 0.00108 | 2.65 | 2.50 | 2453 | 240 2:41 | 203 208! 260 | 2.14] 206 | os 1.91 
— 70 | — 0.00117 | 2.59 | 2:53 | 21 | 240 | 2153 | 2.26 | 2:19 | 25 | 2.04 | 1.96 | 1.88 | UTE) 
— 69 — 0.00118 SO [ERAN AON 23) DN SSI 24AS LÖN 2:03 [EI SAIK ISGNIETS 
— 68 — 0.00119 2582 SUN FANNS SN 2241 2 OO OTO S TESS 
= 67 — 0.00120 2542 STINA AANR2 SSE DUN 223 2TLO 208 2002 SANTE 
— 66 — 0.00122 2:30 2:49 2543 |IL230 || s2s 29 1052. 22:10 214 FE 2:06 1:98: ISO LST BIT 
— 65 — 0.00124 DEN DAS FAIT 2. VANN. 2201 22 204 TIGERS I LIONNTENO 
= 64 — 0.00126 224 TEA SN SN 2:18 IN 2 1OK2021 1:94 1ELSS IS SNEIROT 
=— 63 — 0.00128 22 2: STAN 216 | 2.087 2:00:1- 1:91 NETS3 0 17ANEIEGA 
62 — 0.00130 2:01 F2:445) "2:34 KE 2201-2522 11 12:14:11 2:0617 1:98], 1:89 EIKSO IE 1062 
= 61 — 0.00133 ANA NEDSATT P2 OL IE 2:03: T:051 186 EIS IELSS 
= 60 — 0.00136 JANE: 3912: 32225 1 217 r2,08:10-2:00 IETS1 7 T:32MFI:7S NIE GANINTSA 
-— 59 — 0.00139 AF UR ITIS ÖN 222 2 VANN206 16 TOT I ISS I LNELSO I-1GONETSO 
— 58 — 0.00143 2:42 1 2.55 2:27 1 Oc 2 I F2.:0201) 1931 1841 175 NE165 IIS SHELA4 
== 57 — 0.00147 230 kr oNE2:2411 2162-07 1 "TOS 1189 KrILSOL 17060: TISONNIS39 
= 56 = 0.00152 ZON 22 SN TON f2N205NE 04 SANNE 1 Aa OT TSANASIETES2 
—=B0 — 0.00158 2322 2ANE 2 TONA 2:0701 IST ISSA) INS TOS ISS 1:47 lsd SNES 
= 54 — 0.00164 FINE 20 12202 1:92 1821 E TNG 2 TE TE SIIITAO ETSI 
— 53 — 0.00171 24 ISTINE 20617 OG 186 Or IRONI TASIETST IKISLoNvIROg 
= 52 — 0.00178 STONER 200 1 TEO0 LISON IE E1SG 1471 135123 IK IEEE 0:98 
= 51 — 0.00187 SRA 194 EES 3172 ILO L4 9 S Ta IN2 SA 0199 

— 50 — 0.00197 207167 IE12S6 IE L7Sn 1RO4AT IES2H 1:40 TEE IEA NIIROL 

= 49 — 0.00208 2001-18 178 Ir 1.661 154 11:42 1 SA fä OA 

= 48 — 0:00221 TOT SONIE OST S SNES AT6 ER 02 

— 47 — 0.00236 TSG SN A4SNASONR ISIARO1 

— 46 —= 000253 TONERS 1441 BO] HAS] 1:00 

= 45 —0.00272 156:15 1:44 | 1:29 111401 0:98 
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Table 7. Impairment as a function of junction loss, X, db, and circuit noise level at terminal exchangi 
Average subscribers” lines. Opinion form 9. 


: | 
RR ; Va (10) | 711) | 712) | 713) | 714) | 715) | Z(16) | Z(17) | Z(18) | TC19) | Z(20) | T(21) | T(2V 
NT B | 
dbm db db db db | db db db db db | db | db db | d j 
— 70 | 0.0389 | Dal SR SÅ cc 064 Oa bra TR Sä 0. Så 0.88 | 0.91 | 0.4 
— 69 0.0433 0.54 | 0.58 | 0.63 | 0.67 | 0.71 | 0.76.) 0.80 | 0.841 0:89] 0:93) 0:97 | 1.021 & 
— 68 0.0482 0.60 | 0.65 | 0.70 | 0.75 | 0.80 | 0.84 I 0.89 1 0.94 1 0.99 I 1.04 | 1.08 I 1.13 I 1. 
— 67 0.0536 0.67 | 0:73: | 0:78:1: 0:83) 0:88 | 0:94 1 0:99-1 1.05 TTO FISH T2I)TE2 6 
— 66 0.0595 0:74 | 0:80-1-0:86 | 0.92 1 0:98 | 1:04 | 1:10 | TA16) 1:22 | 128134) HA0ONNIEG 
— 65 0.0660 0:83 10:89] 0:96]. 1:02] 1:09] 16] 122351 290-135) E1420 493 NIESSYRRG 
— 64 0.0731 0:91 IL-0:99:] 1.06] TE30-L21] 1281 1:35 01:43 | 1500 TESTA GAME 1ST2EN 
— 63 0.0809 1:01 | 1:09:-1-T:17 | 125 | 1331-1421 1:50 |IKS8 | 1660 174 S2 ERSSON 
— 62 0.0894 1:12 1214) 1301 IT:39:] TAG I TSG) LO5N]EL:Z4NEE830) SIR92AE20 IFO NET 
— 61 0.0987 1:23], 1:33) 1:43 | T15S3N 1637) 015781 TIS 30 1020 162:025 BRA k20 222290 2.4 
— 60 0.1087 1:36 | 1:47 | "1:S8X] 1:68 | "1:79 |[[T:905]02:010| 27120 | 42:23" | [2343 2IASIE2IS SY EEEN 
— 59 0.1196 1:50 | 1:61-1 1:73) 1E85AITO7 |F2:09HE2:2101 52-330) 02:45 2 ESTAE2I6ORIF25STNINEN | 
— 58 0.1314 1.647 1.77 | 1:91 12:04 | 2TYNK2:30172:430/ 2:56 1 2169-11 527830 F2:961IE3:09MIEN ål 
— 57 0.1440 1.801 1:94 -172:091 112:2301 72:38 1 2:521102:661] 2:3111I2:95 3 HONISRANIS BIS 
— 56 0.1576 1971 2131) 22951 2441) 2:60 12:76 71E2:91 114810701038:23017355 9I11F3SSSYEST ONES 
— 55 (08 UpAl 2:15) 2.32 |r2:5001) 2:67-1 2.841 3:01 31833 6II35530 18 7ONISTSTI FAO 
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Table 7 (cont.) 


Noise PR 
cvel VE I(23) |1(24) |T(25) |I(26) | 127) | I(28) | 729) | 730) | I(31) | I(32) |I(33) | I(34) 
B 
dbm ala cd i GR I dera | dö da FEGAR arc | dr | > 
ol 0.0389 fa eek er ala elda ras kl fa || en lingon ]arens LÄSA 
= 69 0.0433 TOR IETSISE EINLOT VET285 II28 1 FIis20 TES: id IE4SN a1r49T ISAR NIESS 
E68 0.0482 15230 INR2SETS30 Sr 42 0 kd 7 FIS IKISSk dd:G Ta NILGG. IEI EILIG 
67 0.0536 13570 LA 147 ESS SSA 635 60 IKLvARINT SOK ISS OO 96 
= 66 0.0595 ISEN 15580 AL. 643 | IETOR I Is 6 IESdA FIS d93 I T9SE205 
65 0.0660 1688 IS SES ET SSE 055200 62:08: 2515 FT RS 3 
= 64 0.0731 1308 |TL94N B2:0rE 2 0801E2-165 | 52:234 2:30 | F2538- 4254 52:50 260 26 
63 0.0809 2065 152-140 [122225 |B2LSUR|F20305 RATE F2:SSA 2063 For BOR: ST 2:05 
FF 62 0.0894 2011 2.37 182.450 2SSE 425041 25751 | 2:82 |k2-91 2994 103:08, Ik3-L7 NN3I2G 
=! 0.0987 2501 12.624 | 22.1 ST 20-130, IE 3 1 321 143-318 341033 00) 63:60 
— 60 0.1087 270 2:88 52-004 |SNLON|F3-21010 5321 3:42 13530 31040 IFSiYST ISS 63-07 
E59 0.1196 SKOSK NETZ 13-204 63:41 14 3:53 sIL3LG54 |E3:77 kar O I A:0 MEANS TADS ASA 
58 0.1314 3:35HI0RS-48 0 13:61 Kö.) 3rS SEA OTE FANA EAA :A0T KASST EA i66 4:50 
=E 0.1440 3:07 10 3-82-433:96, If 4d:107 |F4:25TIr4.391 [14:54 IN 41680 | 4:S20 KA OZ ESA HS26 
==56 0.1576 A025 MAT SRIEA3ST AAGE) 4:65 0 C4:810164:96, InSs12, 1E5:280 65:4ARIES SONIKSHS 
=E 0.1721 A:300E4-50n 4:73 014905 2 S:08-4)19-254 |L5:427 IN SSFE|ES:TANIESSAR EG TINGS 
= 54 0.1876 AN7TS0 14:75 5L6L 5:35 05553 | KSHT2N | AS:91E I GNLON IE G:284 0:40 E 6:66 4|/K6:35 
53 0.2041 S208541155:610 IKSES21 16:02 156231 K6;g3r IFÖ:63. |K0:845IK7.04 16725 1RT:AS 
=p) 0.2216 5:056105:570156.0081E6:32 |. 6:SANIKOKIOR KG:98 7201 |) 28 KTEGS NA TESTA ES:09 
51 0.2396 GAR KOSS OR OFS3N |A 707 EST KISSA EA RES 03 TIES TAS STAESKS 
= 50 0.2593 0:0615 16.87 115413. | 73951 7:65) 7915-817 |F8:A3T [8:69 ES.95 STA 
49 0.2796 TEISTILTAT | 7698 | 76O7E | 825 8:53 8:81 | 9:09A] STA KOSS LO 
— 48 0.3009 T.61nETITN-8270 (8.581 8.88 | 9:18: | 9:48 | "9:78" |10:085 10:38 10:68 
EAT 0.3230 S:2401-8.365118-581 |), 921.353 1-9:85A 10.17, [10:50 
— 46 0.3460 8.320 919.527 19:86 10.24 -110:55 
45 0.3699 9.43 | 9.80 |10.17 |10.54 |10.91 
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Table 8. Impairment as a function of junction loss, X db, and circuit noise level at terminal exchang 


Average subscribers” lines. Opinion form 9. 


Ck 


Lövd RB: (10) | z(11) | 712) | 7413) | 714) | Z(15) | ZI) | TA7) | TAB) | T(19) | T (20) | I (21) 

Nr Vä TN | 
dbm felon | Glen I ala Ela dö TE ER db db dl | 
770 | 0.0405 | 0.51 | 0551 06: cal 0.71 | al Sö 0.83 5 SE 0.91 | vd 0.5 
— 69 0.0453 0.57 | 0.61 | 0.66 | 0.70 | 0.75 | 0.79 | 0.84 | 0.881 0.93 | 0.97 | 1.02 | 1.06 1.11 
— 68 0.0506 0.63 | 0.68 | 0.73 | 0.78 | 0.83 | 0.89 | 0.94 I 0.99 | 1.04] 1.09] 1.141] 1.191 1. ZI 
— 67 0.0566 0.71 | 0:76.1.0:82 ) 0:88:1 0:93] 0.991 1.05 1 :1.101 116] T221 21 153056 
— 66 0.0633 0:79 1 0:85 170:92-] 0.98] 1:04 | 1:11 | T:171 1.231 1.30 | 1:36] 1:42] 1:495/InSp 
— 65 0.0707 00:88:11 0:95 11:03 1-TA0) TTT T24T3T)E3S8I0T:45 |CES2A ASS NENGON 
— 64 0.0789 0.991 TOTE1147T 1221 T301 1381) 1.46 1541 -1:62] 1701 TS) ASS 1.9k 
— 63 0.0880 1.10] 1:19] 1:28 | 1.36) 1:45 |"1:54 | 1:63 | 1.721 1:80] 1T:89//MEE98I 2:07A1EH4 
— 62 0.0982 1:23 11.33] 1425) TSV 1:625)0 157250 1:827 | T9Aa 2:01] 2-1 22 IS 
— 61 0.1095 1:37.) 1.48 | 1591) 1:70] 1:8)]=L921 2:03") 2: 14:52:24 | 2:35) 2:46:1 2-5 TNE 
— 60 0.1220 1:53] 1.65) T:77 | -T:89N) KOL) 2:14 2261) 2:38102:50)02:622/E25757102- 574 ; 
— 59 0.1358 1:7011L.1:83 11.97] 2:10 1 224102.38 1) 2.51 IF2:650F2:78 | 2:921103:0611535L9NEESEE 
— 58 OMSTS 1:89. 12:04) 2:19] 2:35 | 2:50. 12:65 2:80 1 2:9571 3:10] 3251153:4011E3 SOM 
— 357 0.1682 2:10] 2:27.1 2:44] 2:61 || 2:78 12:94 | 3:11 1 3.281103:4511 13162, I 3578IISSOSNIE-ER 
— 56 0.1871 2.34 | 2.53 | 2:71 | 2.901 3.09 13:27 | 3:46 | 3.65 | 3.84 | 4.02 | 4.21 | 4.40 I 458 
— 55 0.2079 2.60 | 2.81 | 3:01 | 3:22 | 3.43] 3:64 | 3.85] 4.05 I 4.26 | 4.47 | 4.68 | 4.89 SM 
— 54 0.2309 2.89 I 3.121, 335] 358 | 3:81] 4:04 | 4:27 | 4.:5014:73:1 4:96: |NS2019SH3NTSEE 
— 53 0.2564 3.21 | 3.46 | 3.72 | 3.97. 4.23 | 4:49) 4.74 | 5.00 |-5.26 | 5.51 | 5:77 | 6.03 | FORE 
— 52 0.2847 3:56-1 3.84 | 4.13 | 4.41 | 4.70 | 4.98 1 5:27-1-5.55 | 5.84 | 6.12 | 6:41 | 6.69 NGIGe 
— 51 0.3151 3.94 | 4.25 | 4.57 | 4.88 | 5.201 5:51 | 5:83 | 6.14 | 6:46 | 6.77 | TOS | TAONTEE 
— 50 0.3501 4.38 | 4.73 | 5.08 | 5.43 | 5.78 | 6.13 | 6.48 | 6.83 | 7.18 | 7.53 | 7.88 | 8.23 | 8.58 
— 49 0.3881 4.85 | 5.24 | 5.63 | 6.02 | 6.40] 6.79] 7.18] 7.57 | 7.96) 8.34 | 8.73 | 9.12 | SH 
— 48 0.4304 FIG] 351 | 6:241 6.67) 7101 7.531 7.961 8.39 8821 9251 NOS IOGT 
— 47 0.4771 5.96 | 6.44 | 6.92 | 7.40 | 7.87 | 8.35 | 8.83 | 9.30 | 9.78 |10.26 
— 46 0.5291 6.61 | 7.141 7.67 | 8.20 | 8.73 | 9.26 | 9.79 110.32 
— 45 0.5870 7.34 | 7.92 | 8.51 | 9.10] 9.69 110.27 
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Table 8 (cont.) 


Srel TD | I(23)| I(24)| T(25)| ICO) IQ) IQ) 129) | IG0)] I31)| I(32)| 1(33)|I1(34) 


-49 0.3881 9.90 | 10.28 
- 48 0.4304 
- 47 0.4771 
-46 0.5291 
-45 0.5870 
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GIEPASPR IN EIRINS 


Calculation of Transmission Performance, based on Opinion 
Tests, in Presence of Circuit Noise 


Question 4. (Study Group 12 in cooperation with Study Group 1). 


In the light of tests based on the opinions of typical telephone users what is the effect 
on transmission performance of the provisional noise limits adopted by the XVIIIth Plenary 
Assembly of the CCIF as proposed by the CCIF Study Group 3: 


These provisional limits are: 


a. For planning carrier systems on coaxial pairs. 
The mean psophometric power at a point of zero relative level at the end of the hypothet- 
ical reference circuit on coaxial pairs, during any hour, is 10,000 picowatts. 


b. For planning carrier systems on symmetrical pairs. 
The mean psophometric power at a point of zero relative level at the end of the hypo- 
thetical reference circuit on symmetrical pairs, during any hour, is 10,000 picowatts. 


c. It is desirable that the total circuit noise (including intermodulation crosstalk) measured 
at the end of a circuit with the CCIF psophometer shall not on an average exceed a value 


corresponding to an E.M-.F. of 2 millivolts at a point of relative level — 0.8 neper or 
—- 7 decibels. 


Note. The mean value of psophometric power of 10,000 picowatts at a point of zero 
relative level, which serves as a design basis for planning carrier systems, corresponds to a 


psophometric E.M.F. of about 2.2 millivolts at a point of relative level — 0.8 neper or 
= I Ges 


Question 6. (Study Group 12 in cooperation with CCITT, Study Groups 1 and 3 and 
ora (CIC Ry 


What is the effect on transmission performance, as shown by the results of opinion tests 
(involving typical telephone users), of the various hypothetical distributions of noise level 
in radio relay systems submitted by the CCITT Study Groups 1 and 3? 


Note. The distributions should take the form of curves indicating the proportions of 
intervals, each of one minute duration, for which the mean noise power, measured with 
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the psophometer specified by the CCIF for commercial telephone circuits, does not exceed 
each of a number of values. These curves should be determined by the method described 
in full in Annexe 4 to Question 7 of CCITT Study Group 1. 


For the study of Question 6 the joint CCITT-CCIR Working Party on circuit noise has 
submitted four hypothetical noise distributing curves to the Study Group 12. 


These curves are shown in Fig. 11. They are based on results of tests carried out in West 
Germany, France, Italy and Great Britain on existing radio relay links, and are referred 
to a circuit of 2,500 km. 


The joint CCITT-CCIR Working Party has proposed to recommend as a design objective 
the following limits for the noise on any telephone channel of a wide band system measured 
in terms of the mean power over one minute, psophometrically weighted, and per cent of 


a month: 


An absolute level of psophometric power of — 43 dbm at zero relative level, i.e. — 43 dbm 0, 
may not be exceeded 0.1 24, of a month. 


An absolute level of psophometric power of — 50 dbm at zero relative level, i.e. — 50 dbm 0, 
may not be exceeded 20 24, of a month. 


The circuit conditions used for answering both Questions 4 and 6 are shown in Fig. 12. 
They represent a fairly typical international connection of 29 db reference equivalent. 


I 
RR AES) [BA NA LE ar rs, ATEA 
å Re up my 50 db 


; I 
Room Noise I I INT=N 15 db Room Noise 


I 
| 
50 db 1 
I 
I 


I I I I I I I I 

; 55 RS I je 7 I BEIGE al SN 
I t 23 ; 
I 
I 


Overall Ref. Eq. 29 db 


Notes. I =international exchange 

Z =main national switching centre 
T =local exchange 
SS= subscriber's set 

Sending reference equivalent +7 db 

receiving —,— —Jj)j— 1 db 

X 11156 

Fig. 12. Hypothetical overall connection for calculation of percentages of opinions. 
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Question 4 


If the circuit noise level at zero relative level is — 50 dbm 0, corresponding to a psopho- 
metric power of 10,000 picowatts, then the noise level at the local exchange is Nr7 = — 50 
— 15 = — 65 dbm and the mean opinion score is Y = 3.35 — 0.00124 (23 + 2:55) =S 
and the percentages of opinions (from Table 5) are those shown in Table 11. 


Question 6 


A calculation of the transmission performance for curve 1 of the four hypothetical noise 
distribution curves, shown in Fig. 11, will be performed. Fig. 13 shows this particular curve. 
The percentage of calls, f, subject to each of a number of circuit noise levels at 1 db intervals 
are obtained from this curve. These figures are given in Table 10, column 3. 

Table 9 shows mean opinion score Y and percentages of opinions for various levels of 
circuit noise, Nr, at the terminal exchanges for a junction loss of 23 db or an overall reference 
equivalent of 29 db. 


Table 9. Mean opinion score and percentages of opinions at different circuit noise levels at 
local exchanges. 


NT Frö SE Percentages of Opinions 
NT a ARE a NR är sn br JR ER RR | a 
dbm Va E | E+G | E+G-+F | EFG FFER 
1 2 3 4 | 5 | 6 
00 2.65 10.8 60.0 95.8 99.85 
=68 2.58 9.4 SDS 94.6 99.8 
== (ON SU 8.9 SAN 94.2 99.8 
=="66 2:56 8.7 SI 94.0 99.8 
— 65 2355 8.5 53.0 93.8 99.7 
"64 2:54 8.1 SIKS 93.3 99.7 
=03 NS2 8.0 SIE2 93.1 99.7 
==62 2:50 7.8 50.6 92.8 99.7 
= 2.49 7.6 50.1 92.6 99.6 
— 60 PLN HER 49.0 92.1 99.6 
=—=59 2.44 6.8 AT:3 ON 99.5 
— 58 2.42 6.4 45.6 90.4 99.5 
SA 2:39 6.1 44.6 89.8 99.4 
56 2.36 Si 42.9 88.9 99.3 
— 55 2552 SR 40.7 87.6 99.1 
= 2.28 4.8 38.6 86.2 99.0 
=S PN 4.3 36.6 84.8 98.8 


The percentages of opinions E (Excellent) taken from Table 9, column 3, are entered in 
column 4 of Table 10. The sum of the entries in column 5 of Table 10 gives the total per- 
centage of "Excellent” opinions for curve 1 in Fig. I1. Similar tables are drawn up for the 
other four opinions, i.e. "Good”, ”Fair” and Poor”. The same procedure is used for the 
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three remaining hypothetical noise distributing curves, shown in Fig. 11. The final results, 
thus obtained, are shown in Table 11. 


Table 10. 
Noise Level FR evel Percentage Percentage 
at zero ; SÅ Så JK 
Terminal RENA 
Rel. Level RON Calls E Opinions 100 
anges 
Xl Nr vd Xx fo 
dbm 0 döm 2 VÄ 
il 2) 3 4 5 
=="53 68 100 ——34 = 66 9.4 6.204 
— 52 —67 34 —I12 =22 8.9 1.958 
-— 51 — 66 IA SD = OS 8.7 0.826 
— 50 —65 25-08: = Ll 85 0.144 
= 49 — 64 08-03 0.27 8.1 0.0219 
— 48 "63 0535-057 016 8.0 0.0128 
— 47 — 62 0.37 0.24 = 0.13 MES 0.0101 
— 46 61 024 0:15 0.09 16 0.00684 
— 45 — 60 0:15— 0:10 = 0.05 TRA 0.00360 
— 44 — 59 0.10— 0.06 = 0.04 6.8 0.00272 
—43 — 58 0:06==0:04=0:02 6.4 0.00128 
— 42 ==S7 0:04— 0:02 =" 0:02 6.1 0.00122 
— 41 — 56 0.02= 0:01-=" 0.01 Sal 0.00057 
— 40 SV 0.01 TA 0.00052 
Sum 100.00 = 9.19 4, 
Table 11. 
Curve No —7 db Percentages of Opinions 
or point 
Noise Level Psopho- 
at zero Rel. metric E G = P B 
Level E.M.E. 
my Yo VO HN NV Yo 
1 2 | 3 | 4 | 5 | 6 | 7 
Curve 1 9.19 45.60 39.64 SS 0.20 
Curve 2 9.19 45.60 39.64 SEO 0.20 
Cirvye 3 8.98 45.18 40.01 5.60 0:23 
Curve 4 8.49 44.49 40.81 5.91 0.30 
— 50 dbm 0 2.19 8.50 44.50 40.80 5.90 0.30 
— 43 dbm 0 4.9 6.40 39.20 44.80 9.10 0.50 
No nhoise 0 10.80 49.20 35.80 4.05 OMS 


The corresponding impairments can also be determined as follows. If the mean opinion 
score, Y, is calculated for curve 1, using the percentages of opinions given in Table 11 a 
value of Y = 2.58 is obtained. From the curve A in Fig. 7 as well as from Table 6 it will be 
found that Y = 2.58 corresponds to a constant circuit noise level of Ny = —69 dbm at the 
local exchanges. 
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From the curve A in Fig. 9 as well as from Table 7 it will be found that the impairment I (23) 
= 1.1 db for a circuit noise level of — 69 dbm. The values so obtained are given in Table 12. 


Table 12. 
Curve No —7 db Mean Circuit Impair- 
or point Opinion Noise Level ment 
Noise Level Psopho- Score at Local 1(23) 
akZero kel. metric Exchanges 
Level E.M.F. NT 
my XY dbm db 
1 2 3 4 SS 
Curve 1 2558 — 69 il 
Curve 2 2558 — 69 Ci 
Curve 3 DS — 67 1.4 
Curve 4 2 — 65 EÉ7 
— 50 dbm 0 2.19 ISS — 65 EV 
— 43 dbm 0 4.9 2.42 — 58 3.4 
No noise 0 2.05 — 00 0 
Conclusions 


Question 4 


Carrier systems on coaxial pairs or on symmetrical pairs have been planned for a long 
time to a circuit noise limit of — 50 dbm 0, corresponding to a mean psophometric power 
of 10,000 picowatts at a point of zero relative level, and their performance in service has 
been satisfactory. The final results do not show any need for a lower noise level limit than 
the provisional one adopted by CCIF. 


Question 6 


It will be seen from Table 11 that the transmission performance given by a circuit (of 
the type shown in Fig. 12) subject to a distribution of circuit noise according to any one of 
the curves 1, 2, 3 and 4 in Fig. II is not inferior to that obtained when a fixed noise of 
— 50 dbm 0 is present. Therefore, any one of these four curves is acceptable from the speech 
transmission point of view. 


Question 2 of CCITT Study Group I 


Can a steady circuit noise characterized by a constant psophometric power of 100,000 
picowatts (referred to the zero relative level point) be tolerated in an intercontinental com- 
munication? If not, what arrangements are to be recommended so that this noise level 
becomes tolerable? 


In this case the calculation of the transmission performance has been carried out at a 
junction loss of 28 db between the two terminal exchanges and for average local systems 


200 


(see Fig. 12), approximately corresponding to an overall reference equivalent of 40 db when 
the local systems are at their limits. 


The relative noise impairment, I,, has been determined directly by means of the following 
graphical method. 


If the noise level at the zero relative level point is — 50 dbm 0, corresponding to a psopho- 
metric power of 10,000 picowatts or about 5 mV psophometric E.M.F., which is the 
present design limit, then the noise level at the distant local exchanges is Ny = — 67.5 dbm. 


The mean opinion score is 


Y =3.35 + 8 (28 +2.5)? (5) 


Pp is — 0.00120 for a noise level of Ny =—67.5 dbm (see Fig. 6). 


Thus 
Y=3.35 —- 1.12 =2.23 (5) 


If (Poor + Bad) opinions are chosen as criterion for the transmission performance 
then the probit corresponding to a mean opinion score of Y = 2.23 is obtained by equa- 
tion (17). 


Thus Probit =4.31y 4 — Y —- 1.74 =3.99 (f70 


A Probit of 3.99 corresponds to a percentage of 15.7 (Table I, Probit Analysis by Finney). 
Thus the percentage of opinions (P+B) is 15.7. 


A curve showing the noise level Nr as a function of the junction loss X for Y = 2.23 can 
now be plotted (see Fig. 15). 


In this case 


- 1.12 


Z 2.5) db (5) 


= 


The values of f for different circuit noise levels are taken from Table 4 and sufficient 
number of X values for determining the curve can be calculated (see Table 13). 


Table 13. 

Circuit 
Noise Xx 
Level p db 

NT 

dbm 
=—67.5 — 0.00120 28 
— 65 — 0.00124 21555 
— 60 — 0.00136 26.2 
— 55 — 0.00158 24.1 
— 50 — 0:00197 21.3 


ln 
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The point A in Fig. 14 represents the situation for a circuit noise level of — 50 dbm 0. 
For a circuit noise level of — 40 dbm 0, corresponding to a psophometric power of 100,000 
picowatts at zero relative level, the junction loss has to be reduced to encounter the same 
mean opinion score. The curve showing the circuit noise level Nr as a function of the 
junction loss for a circuit noise level of — 40 dbm 0 at zero relative level is a straight line, 
the equation of which is 


Nr = - 43.5 —-0.5 X (18) 
The point B is the intersection between this straight line and the curve Nr = f(X) for 
WEE) 23 (SeerFior 14). 


The value of X for point B is 
X = 24,5 db 


Therefore, the junction loss has to be reduced to 24.5 db to give the same percentage of 
Poor” or "Bad” opinions, i.e. 15.7 24. Thus the relative impairment will be 


1, =28 —- 24.5 =3.5 db 


The circuit noise level, Nr, for a junction loss of X = 24.5 db is 


Nr= —- 43.5 — 0.5 : 24.5 = —- 55.75 db (18) 


and the corresponding value of £ is 


pe 


POSENISS 
(RASEN SA 


- 0.00154 (5) 


If I, is the noise impairment, relative to the case where no circuit noise is present, cor- 
responding to a noise level of — 50 dbm 0, i.e. a psophometric power of 10,000 picowatts 
at the zero relative level point, then 


Iy=0(28F 2.5) (VE -1)-1.65 db (112) 


0 


where £ = — 0.00120 and 6, = — 0.00108. 
Thus X, = 28 + 1.65 = 29.65 db 


If I, is the noise impairment, relative to the case where no circuit noise is present, cor- 
responding to a noise level of —40 dbm 0, i.e. a psophometric power of 100,000 picowatts 
at the zero relative level point, then 


je, AS +2.5)( SE )=sas db (ia 
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PB being — 0.00154, 8, being — 0.00108 
and 2 = Äl DING 


Finally IST NONE I 


The mean opinion score for a junction loss of X, = 29.65 db is Y = 2.23 (See page 
EN 
In Fig. 15 a family of curves are drawn, showing circuit noise level as a function of 
junction loss with percentage "Poor” or "Bad” opinions as parameter. 
The straight lines 
Nr= - 53.5 —-0.5X = valid for N= —- 50 dbm 0 
and 
Nr = —-43.5 —-0.5X = valid for N= — 40 dbm 0 


are also drawn. The points A and B are shown in the figure. 
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Fig. 15. Circuit noise level at local exchanges as a function of junction loss at different 
Poor” or "Bad” opinions. 
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Reply to Question 2 of Study Group I 


The Study Group 12 of the CCITT considers that a circuit noise of — 40 dbm 0, corre- 
sponding to a psophometric power of 100,000 picowatts at zero level point, can be accepted 
in an intercontinental call if the overall reference equivalent of this call does not exceed 
36 db, i.e. 4 db less than the present limit. This limit might be still further reduced in the 
event of considerable induced noise or an appreciable frequency distortion. 

It should be pointed out that those circuits for which a circuit noise level of —40 dbm 0 
(at the zero relative level) can be expected will be extremely long circuits (i.e. 25,000 km) 
and will probably not be very numerous. Certain means can be used to render such an intense 
circuit noise tolerable, for example by introducing compandors, but the choice of such 
means should be settled by agreement between the Administrations concerned. 


CIFRASRSNETRIIG 


General Conclusions 


It is obvious that a test method based on the opinions of ordinary, untrained telephone 
users, where the participating persons are allowed the greatest freedom to use the telephone 
in their own manner, will give more accurate and reliable results than that using the AEN 
technique with its many artificialities. 

The opinion method can of course be used not only for the determination of the trans- 
mission quality in presence of circuit noise but also be applicable to other problems regarding 
the transmission quality, for example the study of the influence of sidetone. New questions 
have been proposed by the 12th Study Group in connection with the effect of circuit noise 
on telephone calls and these questions have been submitted for approval by the IInd Plenary 
Assembly of the CCITT in New Delhi (December 1960). In this connection it has been 
anticipated to use the opinion test method. The method and the basic data given in this 
article for a hypothetical overall connection as shown in Fig. 12 may still be used for the 
study of noise conditions including noises other than the continuous white noise if the 
potency of the other noise in relation to the continuous white noise is taken into account. The 
potency in db is defined as the difference between the mean psophometric power in dbm and 
that of white noise producing the same disturbance in the understanding of speech and can 
easily be measured by direct comparison listening tests. Then the percentages of calls, which 
are considered non-satisfactory (Poor + Bad), for any overall attenuation combination 
within practical limits can be calculated. 
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Introduction 


It is one of the great advantages of a PCM transmission system that all amplification can 
be done by regeneration of the pulse shape. Non-linear devices such as blocking oscillators 
or multivibrators can perform this regeneration. This applies to all points within the system 
where the original analog signal has been converted into a binary-coded signal, i.e. in the 
repeaters, in the output amplifiers at the transmitter terminal or in the input amplifiers at 
the receiver terminal. 


The blocking oscillator triggers when the sum of the instantaneous noise voltage and of 
any pulse voltage present exceeds the threshold. The regenerative repeater has two func- 
tions. 


1. To detect the presence or absence of a pulse in the presence of noise. 


2. To regenerate the pulse shape if a pulse has been detected. 


It is to be noted that neither the amplitude, position or width of the pulse is critical. 


Concerning the repeaters, we shall focus our interest on the following problems asso- 
ciated with the design of the PCM system : 


1. How big a signal-to-noise ratio is necessary to get a ""sufficient” certainty of triggering? 
The word sufficient” must be considered in relation to the wanted characteristics of the 


system. 
2. What noise sources are present and what is their impact on the signal-to-noise ratio? 


3. In what manner does the signal-to-noise ratio depend on the spacing between repeaters? 


It is well known that CCIF has specified certain characteristics concerning the perform- 
ance of international telephone circuits. Those characteristics are related to a nominal 
maximum circuit with a length of 2 500 km. Most telecommunications administrations now- 
adays apply the same characteristics to their national long-distance telephone circuits. 


Nothing similar exists for a short-haul system. Therefore we shall try to establish a nomi- 
nal maximum circuit, and for this circuit specify such characteristics as seem reasonable 
for a PCM short-haul system working as an end-link. 
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System Performance 


1.1 System Configuration 


Time-division multiplex: 


A 24-channel time-division multiplex system with pulse-code modulation. 


Nominal maximum circuit: 


200 kilometres, divided into two 100-kilometre end-links (Fig. I). The first part ES,—FS, 
has analog-digital conversion in the terminal ES, and digital-analog conversion in the termi- 
nal FS,. Somewhere in between we have the terminal KS, with digital-analog and analog- 
digital conversion. The same pattern applies to the second part FS,—ES3, but with the oppo- 
site sequence. 


Transmission medium: 


Four-wire circuit. Transmission in one direction is on a pair of paper-insulated wires 
(diameter 0.4 mm or 0.6 mm). Two pairs form a quad in a cable consisting of a large number 
of quads. It will be assumed initially that the length of a repeater section is 1800 metres. 


REN O kn KS. LL 50 km —L 


x 11160 
= ILL 


Fig. 1. Nominal maximum circuit for a PCM short-haul system. 


== = =long distance carrier frequency path 
—  PCM-path 


— = voice frequency path 
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Fig. 2. Regenerative repeater. 


Space multiplex: 


We wish several PCM systems to operate in parallel within the same cable. This is called 
space multiplex. 


Quantization: 


Binary code, in which a positive pulse is 1” and no pulse is "0. Nominal pulse repeti- 
tion frequency 1536 ke/s, i.e. the pulse repetition period is 0.65 us. 


Transmitter: 


Blocking oscillator. Pulse amplitude Uj, = 5—6 volts. 


Receiver: 
A two-stage self-timed regenerative repeater. The first stage is an amplifier stage with a 


2.4 Mc/s bandwidth. The second stage is a single shot blocking oscillator from which we 
get the output, the regenerated pulse (Fig. 2). 


This type of repeater was invented by L. R. WRATHALL! of Bell Telephone Laboratories. 


The following calculations and discussion are based on two assumptions: 


1. If the pulse amplitude is U,, we adjust the triggering level to U,,|/2. 


2. The triggering instant is partially determined by the phase of the timing wave. The 
timing wave will be adjusted so that the triggering instant will fall within a small region 
around the maximum. 


The timing wave is the response of the resonant circuit to the regenerated binary ""on-off” 
pulse train. The voice-frequency signal has a random instantaneous voltage, and the traffic 
loading of the channels is random. However, the nominal pulse repetition frequency will 
always be contained in the spectrum of the pulse train, which we can regard as a random 
time series of discrete pulses?. So the response of the resonant circuit is a sine wave with 
the same frequency as the nominal pulse repetition frequency and with phase and amplitude 
dependent on the tuning of the circuit. 
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For different reasons, which will be examined later, the pulse appears at the receiver 
input with random timing deviations. The regenerated pulses will therefore not be uniformly 
spaced, but will rather have random deviations from the exact positions. Now, as the timing 
wave is derived from the regenerated pulses, it causes random phase deviations in the timing 
wave, and this in turn causes random deviations in the triggering instant. 


1.2 Noise Limits 


The maximum allowable noise power from the circuits FS,—ES, at a zero level point 
is 1000 picowatts (— —60 dbmO0p), measured with a CCITT psophometer in a voice- 
frequency channel at ES,, which has no signal input at FS;. 


Three components contribute to total noise power: 


a) Thermal noise at the receiver input 
b) Unintelligible crosstalk 


c) Quantization noise 


Unintelligible crosstalk is a function of the system's traffic load conditions and it appears 
in: 
1. Space multiplex, as crosstalk from one time multiplex system to another, caused by 
unbalances in the cable. 


2. Time multiplex, as intersymbol crosstalk which appears in unequalized cables or is 
caused by the random timing deviations in the self-timed regenerative repeaters. 


Since adjacent pulses usually belong to the same channel, it will be appreciated that 
intersymbol crosstalk is not what is generally understood by crosstalk, but rather some 
kind of pulse interference. 


The noise components a) and b) appear in the PCM side of the system, i.e. where 
we have four-wire digital transmission. b) might in addition appear on the analog side of 
the system, i.e. where we have PAM time-multiplex, as well as in parts where there are voice 
frequencies on two-wire lines. 


Having regard to the technical difficulties, we have made the following division between 
the modulating equipments and the transmission line: 200 picowatts (— — 67 dbmOp) for 
every half” terminal, where we have either digital-analog conversion or analog-digital 
conversion, and 200 picowatts for the digital transmission and all the associated intermediate 
repeaters. 


The third component, quantization noise, appears merely when a signal is applied 


and may be conceived as some kind of distortion. This problem, however, will not be dealt 
with here. 
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1.3 Formulae Relating Signal/Noise Ratio at Input and Output of the Receiver 


The received pulse train considered as a function of time is expressible by 


UR) (SID) 


n=- 00 


and the timing wave can be expressed as 
t 
el =E SC - cos (207 -v)| (15302) 


The necessary condition for triggering the blocking oscillator is 


ul FeM0 = Pina (15813) 


The blocking oscillator is then adjusted so that its triggering level Pin = Uml/2. 


It is assumed that the total noise as well as the different noise components can be con- 
sidered as random noise with a continuous and nearly constant spectral density, at least within 
the frequency band of interest in this connection. We further assume instantaneous noise 
values with gaussian distribution. Let nef and n(t) (or simply a) be the r.m.s. value and the 
instantaneous value of noise. We then have the probability p(n/negf) that n exceeds knefelk > 1). 


Table 1. 


7.4 db p (n/nsgg) = 107? 


n = 2.32 Noep 20 108 (n/n.ee) 


NEKA PAN = 11.4db = 107 
n=4716 » =113.6.db = 105 
H2=N00 = 15.0db = 107? 


At a time t=t, it might happen that 


HUS) Fe Up) NÄR) = Tema (1.3.4) 


when we actually should have 


ultn) Ac e(t,) FS Prmin (11335) 


which means that the blocking oscillator has added a "1” where, according to the digital 
signal, there should have been a "'0”. At another time t = 1, the opposite might happen: 


u(t) + e lt) +n (tj) < Pmin (1.3.6) 
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when we should have had 


ulf) + e(f) = Pmin (1537) 


which means that we have a 0” when we should have had a 1”. Errors may also arise under 
other circumstances not mentioned here, but are of minor importancet. 


In the first case U,,/2 is the tolerance to noise to provide against the insertion of a 
spurious pulse by positive noise peaks. In the second case U,,/2 is the tolerance to noise 
to provide against the omission of a signal pulse by negative noise peaks. 


Between triggering points the timing wave assumes such negative values that, if E,, is 
sufficiently large, e.g. E,=U, it is impossible for a positive noise peak to insert a pulse. 
So the regenerative repeater is practically insensitive to any kind of impulses between trigger- 
ing points. 


It should be added that the blocking oscillator triggers only if the energy of the impulse 
exceeds an energy triggering level, e.g. for a normal junction transistor (f,=5 Mc/s) we have 


fig: ugdt = f(u3/Ry)dt = 3 - 102 joule (1.3.8) 


We assume that Ry, is constant during the blocking oscillator's build-up time. Whether 
triggering takes place is then determined by the product of the square of the input voltage 
and the time during which the threshold value is exceeded. The above-mentioned transistor 
has a build-up time of 0.05 us. Noise peaks generated by pulses in nearby cable pairs through 
capacity unbalance and/or mutual inductances cannot have rise or decay times shorter 
than those of the pulses by which they are generated, in this case about 0.25 us. Let us take 
the first case, insertion of a pulse at a time when u(t) =0 and e(t) =0. The blocking oscillator 
triggers when (Fig. 3) 

I 


ne 
= UR SOUND (1.3.9) 
KITE 


When we have thermal noise in a limited band the noise peaks (n(1) > nefe) may reasonably 
have the appearance shown in Fig. 3. It is then obvious that either the instantaneous noise 
value exceeds the threshold of 1.2 Pmin and we get an unwanted pulse in the digital 
signal, or it is below the threshold and is then without significance. 


Now suppose that the instantaneous noise value an is always below a finite value, e.g. 
Nmax — 2Nefe; further, that the amplitude of the transmitted pulse is adjusted so that 0.6 


Um>Nmax> 2.8. Um =2N max = nef. Then a signal-to-noise ratio, S/N, at the input of the rege- 
nerative repeater 


m 


S 
NINI log,0 =MMAB (1:3:10) 
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Rd Pan = "2 fa 


t us 
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=S MoS 
X 11163 
X 11164 
Fig. 3. Triggering level of blocking oscillator under con- 
ditions of disturbance of impulse character. 


= min. rise time for a pulse through a low pass channel 


1 1 
tg TB 2 Mcjs 


=0.25 us 


t. = build-up time for alloyed pnp junction transistor in 
blocking oscillator coupling below. 


would be represented by an infinite signal-to-noise ratio S”/N” at the output 


x 


S 
10 108107 oo (1:31) 


However, the instantaneous noise voltage is the vector sum of an infinite number of sine 
waves (resolving each pulse into its corresponding fourier spectrum) which from all other 
channels are coupled to the non-loaded channel. These sine waves have finite but otherwise 
random amplitudes and random phase. We therefore presume a gaussian distribution of n, 
which means that there is no upper limit to a. So if U,, =knefel(k>1/0.6), then according to 
table I there is always some possibility that n might exceed 0.6 U,,, i.e. a finite S/N value at 


2:15 


the input gives a finite S”/N> at the output. From ? we quote the following relation between 
S/N” and S/N: 


IS px 


ERS (1.312) 
N. 1-2» 
where 
VSIN 
O(VSIN) = | eIdu (13.13) 
—VSIN 


and n is the number of repeater sections. Inserting n=50 and 10 log (S”/N”)=67 db in the 
above expressions gives 


-0.6Um sq (1.3.14) 
SEN Neff 
SO 

Un Re (1.3.15) 


CHAPTER I2 


PPM-Noise 


2.1 Timing Deviations 


Before it is possible to calculate the intersymbol crosstalk caused by random deviations of 
the triggering instant, it is necessary to determine the relationship between these deviations 
and the deviation of the timing wave and of the received pulses. The problem has been 
well covered by E. D. SUNDE in an article in the Bell System Technical Journal, July 1957, 
""Self-Timing Regenerative Repeaters”? Here, therefore, we shall merely recapitulate some 
points of general interest together with the results necessary for the following calculations. 

The digital message is assumed to be a random time series of discrete numbers. So 
the regenerated pulse train may have the appearance shown in Fig. 4a. This pulse train 
may be resolved into components III and I+II, shown in Fig.4b and c. Component 
I+II may in turn be resolved into I and II (Figs. 4d and c). This means that the original 
pulse train, which is random both in respect to the occurrence of the pulses and to the 
positions (deviations from the exact positions) of the pulses, has been resolved into three 
components with the following characteristics: 
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pulse train 
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Fig. 4. The regenerated pulse train in Fig. 4 a resolved into components I, II and III, Figs. 4 e, 4 d 
and 4 b, respectively. (The Bell System Technical Journal, July 1957) 


1. Component I is the steady state component consisting of an infinite sequence of positive 
pulses with period 7. All pulses are in their correct positions and all have the same 
amplitude, equal to half the amplitude of the regenerated pulses. 


2. Component II is a random component consisting of an infinite sequence of positive 
and negative pulses with random = polarity. Amplitudes and positions of the pulses 


are the same as those of component I. 


3. Component III is a random component consisting of an infinite sequence of dipulses 
which are pairs of negative and positive pulses in which all the negative pulses are 
in the exact positions whereas the positive pulses have random phases (Fig. 4). The 


200 


dipulses occur only in positions in which there are regenerated pulses, i.e. they occur at 
random. All amplitudes, both positive and negative, are equal to those of the regenerated 
pulses. 


The resonant circuit in Fig. 2 is considered as a four-terminal network, for which the 
input is the sum of three components and the output is the timing wave ey), which we 
express as 


eg (£) = eg (£)1 + e9 (fir + e9 (Fm (2:10) 


With an input consisting only of component I, we get an output voltage 


eo (Ör= COSWCOS(CN YET VW) (2:12) 
where 
i a Af 
= -E 12 2305 
RR o(£ ST fr 


Q is the loss constant of the resonant circuit and fis the pulse repetition frequency. fy is 
the resonant frequency and Af=/f— /f, is the mistuning. 


From equations (2.1.2) and (2.1.3) it can be seen that, with f and fy given, the output 
voltage — i.e. the timing wave — is a steady state sine wave with a constant amplitude 
cos vy and a constant phase displacement wy. 


The response of the resonant circuit to component II is an output voltage which, as regards 
amplitude and phase, is a randomly fluctuating sine wave. We resolve this voltage into 
two components, one in phase and the other in quadrature with the steady state timing 
wave given by (2.1.2). We denote the r.m.s. values egy(?)ireff and eg(f)reff respectively. We 
consider the steady state sine wave ey(f); to be modulated by those fluctuating voltages of 
which ey(7?)r gives an amplitude modulation with the r.m.s. modulation index 


eg (Orr ere — VE VI —w?/2 


eo (fr Q cosy elen 
and eg(£)r gives a phase modulation with r.m.s. value 
Pry>tan Poy töken V SU (21.5) 
The r.m.s. value of the corresponding time deviation is given by 
RR 
Ör ER (2.1.6) 
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The response of the resonant circuit to component III is an output voltage ey(t)iy which 
phase-modulates ey(£). Denoting the r.m.s. value of the fluctuating time deviations of 
the positive part of the dipulse by Öp etf> €o(f)tr gives the following phase modulation of 
e(?);: 


ch 27, /z 
Pran = TR V ödet (2.1.7) 


The r.m.s. value of the corresponding time deviation is given by 


SKR T Me Öpeff (2.1.8) 


There is no correlation between the phase modulations caused by components II and III, 
so the total time deviation of the timing wave is given by 


fe örn + dan (2.1.9) 


Equations (2.1.4), (2.1.6) and (2.1.8) show clearly that the amplitude and phase deviations 
of the timing wave caused by the random digital message (component II) and by the random 
time deviation in the regenerated pulse positions (component III) become smaller the bigger 
we make the OQO of the resonant circuit. In practice, however, we always have to calculate 
with some mistuning Af of the resonant circuit. A bigger OQO then causes a decrease of the 
amplitude of ey(7); (2.1.2), which in turn gives inferior definition of the triggering instant, 
i.e. of the position of the regenerated pulses. A Q of 50—100 is an appropriate compro- 
mise between the two opposing requirements for the resonant circuit. 


If the received pulse has the shape of a cosine-squared pulse, then the individual pulse in 
the pulse train is given by 


ute d +m) =] +c0s7 "| (2.1.10) 


where 
00 Fp 
3 på 


m, is an index of amplitude variation and 7T, is the time deviation. 


Setting 7<1 gives a small pulse width, so that there will be little risk of pulse interfer- 
ence (intersymbol crosstalk). On the other hand a large bandwidth will be required both 
in the amplifiers and in the transmission circuit. 17=1 is the maximum allowable value, 
since 7>1 would make it very difficult to avoid serious pulse interference. Setting 7 =1 
in the following calculations will give us an upper limit for the pulse interference. 
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By suitable adjustment of R and Ry (Fig. 2) the amplitude of the timing wave can, for 
wv=0, be made equal to U,,/2. Then the timing wave can be expressed by 


e (ft) = — (1 + mj) 3"cosyl1 — COS (2n" = -v)] (2:10) 


The triggering instant is then determined by 


e(to) + u (to) = (1 +m) = ]1 Eos IE 


U, + C; 
— (1 -+ my) cosy] I +cos( 202 MEE v) ot (PIL) 


The steady state solution is obtained for m,=mi=0 and Tt,=7T,=0, when t,/T can be 
determined as a function of w. Normally the variations of w are very slow compared with 
the amplitude variations or the time deviations. Therefore we consider w as a parameter 
and use equation (2.1.12) to investigate the dependence of the triggering instant on amplitude 
variations when T,=7T.=0, and on time deviations when m,=mi=0. That has been 
done by SUNDE? and the results are given in Table 2. Tt is assumed that time deviations of the 
triggering instant caused by amplitude variations and by time deviations are uncor- 
related, so the total r.m.s. value of the time deviation of the regenerated pulses is based 
on the root-sum-square addition. 


Table 2 
Zz | —60? | —30? | 0 | 30? | 60? 
A|T | 0.028 | 0.028 | 0.031 | 0.038 | 0.056 
7 EN 0 RA | Tag 
Ve v | 
AE för d6 


BAr=10 1) = 
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Fig. 5. Feedback of time deviation t(, —r, of triggering point of a regenerative 
repeater. 


220 


To get a definite figure for q it is necessary to estimate w. When the timing wave is derived 
from the regenerated pulses, the time deviation of the timing wave depends on the triggering 
instant. But the triggering instant depends on the timing wave. This means that we get 
some sort of timing feedback (Fig. 5). The relation between the deviation of the triggering 
instant and the timing wave can be expressed by 


BAR (2.113) 
From Fig. 5 we get 
Åkes dr (2.1.14) 
27 
SO 
äg kit (2.1.15) 


i.e. the feedback increases the phase displacement of the resonant circuit from w' to w'/(1 — P). 
By equation (2.1.12) it can be shown that bax =0.9. Now, if the mistuning can be kept 
below 0.001 and we choose a loss constant Q =50, then according to (2.1.3) w'=2 x 50 x 
x 0.001 = 0.1. This gives us a total displacement of w =60?. 


We shall now discuss some of the factors which might influence Ti, T,, mr and mp. 
First we assume an ideal transmission circuit without any noise source. As shown in equa- 
tions (2.1.4) and (2.1.5) a random digital message causes random time and amplitude devia- 
tions of the timing wave. That in turn gives a fluctuating triggering instant, i.e. the regenerated 
pulses show random time deviations from the exact positions. This means that all the succeed- 
ing regenerative repeaters will receive pulses with such deviations. However, the timing 
wave has to pass all the resonant circuits of those repeaters. But cascading a great number of 
resonant circuits with equal loss factors leads to a reduction of the bandwidth for the 
overall network. Hence the timing deviation will be reduced as well (see WRATHALL, page 
1073, Bell Syst: tech. I 352). 


Thermal noise and noise from crosstalk in the transmission circuit will impair the received 
pulses in respect of both amplitude and position. So we shall have fluctuating values of m, 
and T,, and the regenerated pulses will have random time deviations. Now if only the pulse 
transmission on the first section is impaired, the deviations will be reduced for the same 
reason as mentioned above. However, it is most likely that all the repeater sections are 
nearly equally impaired by noise. We shall then get an accumulation of the random timing 
deviations from the various repeaters along the chain. At the end of the chain the total 
random timing deviation will be based on the root-sum-square addition. As a result of this 
accumulation the total timing deviation will be 20—30 24 above the timing deviation of the 
individual section. In practice we shall disregard this accumulation. 


22 


Received u(0) = Pmin 


pulse u(t) 


u(Tk) + e(TE) — Pmin = 
WC) =P 
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= triggering 
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u(t) + e(t) AI 
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Timing wave = e(t) 
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Fig. 6. Tolerance to noise containing negative noise peaks. The timing wave is 
displaced by time T, in relation to the received pulse. The resulting reduction in 


tolerance to noise is 
H (T;) NA Bia 
= Se VEN NE 
; (OST 


(The Bell System Technical Journal, July 1957) 


The voltage at the triggering instant depends not only upon the voltage of the pulse 
present at that instant, but because of the timing deviation it also depends upon the voltage 
from adjacent pulses. The timing deviations are random, so the voltages from adjacent 
pulses appear as noise. But the timing deviation does not only cause noise, it also has the 
effect of reducing the tolerance to noise. 
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With no displacement the tolerance to noise with negative peaks at £=0 is up(0)—P (see 
Fig. 6). When for any of the reasons mentioned above the timing wave is displaced by t,, 
then the tolerance to noise is ul(t,) — P. So the tolerance to noise is reduced by the factor 


— UlTk) = Pmin 
IDE (2.1.16) 


Inserting (2.1.10) and y=70? gives u=0.8— —2 db. 


2.2 Intersymbol Crosstalk 


After determining in this way the r.m.s. value of the random time deviations from the 
correct pulse position, we can proceed directly to determine the resulting pulse interference 
which generates noise on triggering of the regenerative repeaters. 


The signal occurs in the form of a binary code in the transmission circuit. We imagine 
that the transmission proceeds from £f = — 00 to t = oo. This means that an infinitely long 
train of pulses of equal amplitude enters the regenerative repeater. Regarded as time func- 
tion, the general expression for this pulse train will be 


ull) = EU AT) (2:2:1) 


n= — 00 


UreDEU,, iöthere sa Tin the th position 
Unn) =0 if there is a 0” in the th position 


U,(n) is thus a function of the random variations of the signal. 


We start by assuming a pulse time T < T, the pulses being regarded as impulses (also called 
Ö-pulses). In practice the pulses are neither short nor square. But the calculations are simpler 
and more readily understandable if based on these assumptions. Moreover, since Jd-pulses 
give a higher noise level than any other pulse shape, this method is very useful for rough 


calculations. 


With suitable equalizing and correction of attenuation, the cable will have the attenuation 
curve of Fig. 7 which, together with the frequency characteristic for the input stage of the 
regenerative repeater, can be approximated to the transfer function of an ideal low pass 


filter: 
A(f) = 1 for f= fz and 
Alf)= 0 för f== 2 
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f 
1 Mc/s 10 Mc/s — 
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Fig. 7. Transfer function for a) 1800 m two-wire equalized and matched cable 
compared with transfer function for b) ideal low pass filter, c) low pass filter with 
cosinusoidal transfer function. 


AS input signal to this ideal low pass filter we assume a d-pulse, which occurs at time 
t = 0. The output signal is expressed by the time function 


t 
1 sin i 
Oe (2.22) 


t 
E a 


where 
1 


5 = 
g 25, 


If the Ö-pulse arrives, instead, at t = nT, we get 


; t-nT 
fa é 
DE z jo 
(1) TORRA (225) 
HT 
tg 


According to the law of superposition, an infinite sequence of pulses within the time inter- 
val —o00 to oo with pulse period T gives the voltage 


SE S 1 to 
u(t) > ET (2.214) 
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It is evident from eg. 2.2.4 that, at time t=nT7, the nth pulse assumes its maximum voltage 


1 
level equal to å volt (Fig. 8), while all other pulses are at zero voltage. This means that, at 
g 


t=nT, the triggering of the regenerative repeater will depend on the presence or absence 
of the ath pulse; all other pulses in the train are without significance at that point of time. 


We make U,,=1/rs and obtain the following time function for the transmitted pulse train: 


2 sin” (t—nT) 
(fe > Um(n)) —E (2.2.5) 
ESS ZE —nT) 
tg 


If the pulses lie in varying positions in relation to their correct positions, e.g. if the ath 
pulst comes at time t=nT+Å,, we get 


00 SE er =D) 
u(t) = > fal (2.2.6) 
n=—00 EG == AD 
tg 


vy = 60” may be considered a reasonable value for a circuit in which Q = 50. From Table II 
we find A/T — 20/360 = 1/18. Initially we choose the smallest pulse period that is theoreti- 
cally possible without the pulses becoming merged: T = ft, = 1/2B. We also assume that 


u(t) 


Xx 11169 
Fig. 8. Three consecutive d-pulses through an ideal low pass filter fa 1[2 fo. Pulse period 
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the Oth pulse is in the correct position and that triggering takes place at time 1=0. The 
signal-to-noise ratio at this time is then 


SPAN ga Um (0) 
Nefg  UPPM EE oo Aha = RAR 
- sin TE - sin ME (22 
HA) =S m (71) (5 2) 
Nn? MÅ NN 
n=— 090 sä n=1 I 
Since A/T <1, we may make the following approximation 
nT+A 
=n 
IE 
Äl Al 
(ol ET AE AA 2.268 
Sinzt- == 48 ( ) 


Without considering the nature of the random variations in traffic load and in signal 
level or the relationship between analog and digital values, we assume an equal probability 
for "1” as for "0”, i.e. that, on an average, "1” and 0” come in alternate positions. This 
gives 


UR il 


Uppm (ER Sean (A,|T)? (2.2.9) 
nn? 


nd : 


Strictly speaking, ÅA, is a statistically distributed magnitude with respect to n; but since 


the number of a (pulses) is infinitely large, we can approximate A,/T to A/T = constant, 
which gives 


Al 2 
( Dl 5 (2.2.10) 
n?2 


So, with intersymbol crosstalk as the only noise source, we get the signal-to-noise ratio 


(fi n (Of 1 


=S = = 14 
Neff fana 0 HT (2210) 


18 V6 
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Assume that we had instead approximated the system (cable plus input stage) with a 
filter with cosinusoidal transfer function 


Land if 
Ne LOrN= 2 AD 


All försj=02S 


and in the same way as before let a d-pulse appear at the input at time 1=0 .We should then 
have obtained the output signal 


uy (1) lg (2.2.13) 


t t tN? 
5 4 


In the same way as before, we assume an infinite train of pulses with the pulse period T: 


> 2 
er sin”=(t —nT) 1 
u(t) = SE AE BE (2.2.14) 
2 KRIS 
EE ERT) 1 -4( 2 | 
n=—00 tg tg 


We make U,,=1/r, and choose the shortest possible pulse period T = 1, = 1/2B. Assum- 
ing also that the ath pulse arrives at time £ = nT + Å,, we get 


[oe] 


sin>= (t -nT -A) ) 
(ty Um (7) — (RIS) 
2 0 TAN 1 -4(22) 


n=— 00 fl 


We make the same approximations as before and, at time t = 0, obtain the signal-to- 


noise ratio 
(Bör fs | 


Net  UPPM 5 A,N? 


= (Q27n) (1 -47n?)? 


(2.2.16) 


But 


oo (2) 
, Z É lister? ER (2 


2 (1 -4n22 1821132 22152 32992 
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and, as this series converges very rapidly, we finally obtain 


da Mö I 2155 (2.2.18) 


Neff UppM 1 vå 3 1 
18 V 9 900 
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Crosstalk 


In the following chapter we shall calculate the noise caused by unintelligible crosstalk 
between pairs of the same quad or between pairs in non-adjacent quads. We shall also 
make a distinction between near-end crosstalk and far-end crosstalk (Figs. 9 and 171). 


3.1 Near-end Crosstalk 


Starting with near-end crosstalk we assume the existence of both capacitive and inductive 
coupling between the pairs. We denote the capacity unbalance per metre k&, (pair-pair) and 
the mutual inductance per metre m'. The total unbalance Kk,, for near-end crosstalk can be 


expressed as 


m 


ko=k+ 
Z3Z2 


pF/m (3.150) 


where k =ki/4. 


The transmission circuit has the following characteristics: 
0.4 mm paper insulated copper wire 


ÅAttenuation constant «& in nepers/km 
sf: 100 kejs” I:S Mcjs 2.0 Mc/s 


ä: 1.0 4.0 4.4 
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Fig. 9. Near-end crosstalk from circuit 1 to circuit 2. 
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Characteristic impedance Z = Z, = Z,; = 150 Q 
v = 2.5 : 105 km/s 
: .0 
EES: 


Maximum unbalance (pair-pair of the same quad): £, = 100 pF per factory length (s = 230 
m). 


However k, is not constant along the cable. Fluctuating conditions in manufacture and 
the different mechanical strains imposed on cables make k,;, random along the cable. The 
fluctuating values of k, with respect to x have been taken into consideration by denoting 
it &£,(x). For the calculation of crosstalk it is therefore necessary to introduce the autocor- 
relation function and the corresponding power spectrum (H KADEN, ”Das Nebensprechen 
in Kabeln bei nicht-stationären Vorgängen (Impulsen)”, Arch. elektr. Ubertragung 119): 


ih 
p (d) =lim ar SAS +0) dö (3:12) 
L>0o I 
(5) = fs exp (2wd/v) dö (3NIES) 


In the following calculation we assume a distribution of the values of &k;(x) such that 
q&(d) has the gaussian distribution: 


1 
qp (0) = exp Ö 5 (lr) | (3.1.4) 


where r is defined as the correlation range. It is difficult to say anything definite concerning 
the length of r, but if we guess that the length of lay has some influence on r, we may expect 


r to be between 1 and 10 metres. 
In Ma we have the voltage dU,, caused by the crosstalk in an infinitesimal length dx of 


the cable at distance x from Mza (Fig. 9): 


2Yvx ) 
5 SE SS 247 (x) Upe— 275 dx (3.1.5) 


— — —- +Z. 
jokn,(x) dx - 


d Una 


The crosstalk factor for the whole cable length Iis then 


É 

ARE AN för 

P(w)===3 [Kar (3.1.6) 
0 


x=0 
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which gives the near-end crosstalk attenuation 


An = —10 log, |P (w)]? db (3.1.7) 
where 
pan WZ>N2L —e- HYMN er: 
Po =( 7) z o( (3.1.8) 


The relation between the r.m.s. value of the total unbalance per metre k,' and ther.m.s. 
value of the total unbalance of the whole cable length Iis as follows?: 


ja fn da (3.1.9) 
I V2zr 
where 
I /k m N2? I/k, NY? 
fl = 1] =(140 pF)? 3.1.10 
alla) HA) nap 6.110) 


It is here assumed that we have a root-sum-square addition in Mz of the crosstalk com- 
ponents from the various factory lengths of the cable, and that the mutual inductance 
coupling is equal to the capacity unbalance coupling. 

Equation 3.1.8 holds good for a sinusoidal voltage. For a single pulse, which has a contin- 
uous spectrum, we have the formulae given below. 

Now since a pulse consists of a continuous spectrum which, theoretically at least, is 
infinite, the voltage received at M3, as a result of the near-end crosstalk will be 


UT 
un (t) = år i F(0) P(w) ej! dt (EAkLiLN 
W=— 00 


where U,T, is pulse amplitude x pulse duration, and 


ER for square pul 
5 Sn Aes r 
FC) = fPeiona TY I) OT2 quare pulse 
NURRT T,) I sin(oT2). 1 (3.112) 
T=—00 


2 
ÖT LEO: for cos?-pulse 


F(0Ww), which is the Fourier spectrum of ug(t), is "weighted” against the crosstalk factor 
P(0w), after which, by integration, we obtain the converse Fourier transformation, i.e. the 
time function u,(f) corresponding to F(w) P(w). 

Since, as appears from eg. 3.1.6, P(w) is dependent on k'(x), the same applies to u(t), 
from which it follows that u,(1) has random values with respect to the distance travelled 
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by the pulse along the cable. What we are interested in, therefore, is the r.m.s. of Ut (t)ELO 
find this, we take the roundabout course of determining first the energy generated in M3 
within the time interval 0 to t, i.e. the time taken for the pulse to travel from M;z to a distance 
Z = vt/2 and back again. For this purpose we use the proposition of Parsival, which from 
a physical point of view implies that the energy contained in the Fourier spectrum of a time 
function is equal to the energy of the time function: 


t=2x/v 


w(£) = "Jo FR vm fi |F(w)] PC) du (3.1.13) 


W=—00 


We insert eq. 3.1.8 in 3.1.13 and differentiate w(t) with respect to rt, which leads after some 
calculations to 


AR) FNS 
utt) = (| 2) Uk? Ie-202vt (3.1.14) 
Z 0 


where, if the autocorrelation function of k;(x) follows the gaussian distribution as in the 


preceding section, 
[eo] 


för or fOTIIFOe (—20?r2/v2) d(oT,) (3.1.15) 


W=-—00 


If the pulse shape has been established, |F(w)|? is also known (eq. 3.1.12). Since, moreover, 
the length of cable occupied by the pulse is given, viz. 
Vi 105 km/seekka 0-4-us==1005m, 
it is evident from eg. 6.17 that 
TE) (CIO) 


In Fig. 11 this is shown both for cosine-squared pulse and square pulse. 
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Fig: 10, Lf) 
a. square pulse 
b. cosine-squared pulse 
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The number of simultaneous pulses on the circuit is 


N=— (T is the pulse period) (3:17) 
v 
The voltage from these N pulses is summated in Mz: 


INTE vZ,N2 — N 
Uno = Z una (f) = (3) (NET D EA 


p=0 fr (3.118) 
2 fn SÅ 
2 (=) URk2TR? 
4 
where 
—2avNT 
Ret AAA (3.1.19) 
— gr 20v 
and 
Re. en 2 
köstle 1205 (pF)?/km? (3.1.20) 


IW2zr TS V2ar 
If we now insert the given system data in eg. 3.1.18, we obtain the values of near-end 


crosstalk for the distance of 1 800 m between two regenerative repeaters: 


Table 3 


An = 10 10810 (Ul Uno) db 


rm | 1 | > | 20 
Square pulse | 41 | 41 | 47 
cos?-pulse | IS | 47 | 49 


The attenuation between S> and M; (Fig. 9) is 1.8 km x 4.0 N/km x 8.68 = 63 db, i.e. 
the signal received at M3z is (1/1400) Uj. According to Table 3, A, is not greater than 53 db 
even in the most favourable case, which means that the noise level at My, due to near-end 
erosstalk is (1/450) Uy. The noise level is therefore three times as high as the signal level at 
M32. NOW it is obvious, of course, that there should never be two Opposing circuits in the 
same quad. On the other hand it is conceivable that opposing circuits must be allowed in 
the same cable. 
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As is evident from eg. 3.1.18, if Vr and V KX” are the equivalent coupling capacitances 
between pair-pair circuits within the same quad and in two different quads, respectively, 
the relation between the corresponding near-end crosstalk attenuations will be 


a 2» ca 
4 — Ar =10log,, = db (3.1.21) 
kur 


AS already mentioned, the maximum value of the unbalance per factory length of cable 
is 100 pF. The mean unbalance is 25—30 pF, and the unbalance between pair-pair circuits 
in different quads less than one-tenth, or about 2.5 pF. For couplings within the same quad 
we assumed that inductive and capacitive couplings were equally great and that the maximum 
inductive coupling coincided with the maximum capacitive coupling. For couplings between 
pairs in different quads the same regularity cannot be expected. We here assume, therefore, 
that the inductive and capacitive couplings are additive on a power basis, which gives 


Jöa2.SUMTS00 
Vi = V2=2.5pF (BM22) 


The improvement in signal-to-noise ratio will then be 


140 
An An =20 108033 = 35 db (3.1.23) 


According to Table 3, the Us/Una ratio for a cos?-pulse with coupling within the same 
quad tends to vary between 47 and 53 db according to the magnitude of the correlation length. 
Assuming a mean value of 50 db, the Uy/Una ratio for coupling between side-circuits in 
different quads increases to 85 db. The signal-to-noise ratio is then 


20 10810 7 = 20 logi7;- = (85 63) db or —=13 (3.1.24) 
e 


n2 Neff 


Comparing this value with eq. 1.3.15, it is found to suffice precisely. Everything would 
clearly be in order if there were no other noise components. Unfortunately there are, however, 
as is evident from the preceding as well as from the subsequent account. 
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Fig. 11. Far-end crosstalk from circuit 1 to circuit 2. 


3.2 Far-end Crosstalk 


Far-end crosstalk is due to the coupling between two unidirectional circuits, i.e. with 
S1, 53 at one end and M,, Ma at the other end of section 1 (Fig. 11). We shall calculate the 
voltage generated by S, in M3, consequent on the coupling kr, where (cf. eq. 3.1.1): 


m 


ko=k-— 
å Z,Z> 


pF/m (3.2.1) 


We assume that two parallel unidirectional circuits can be carried on the same quad. 


As before, there is some uncertainty as regards the inductive coupling. However, it is 
directly evident from eq. 3.2.1 that, for far-end crosstalk, the maximum coupling results 
when m = 0. We assume this and get 


= IN ESA 
= 2) | SR oe (3.2.2) 


Irrespective of where on the line the infinitesimal distance dx is situated, the voltage 
dUrfa generated in Mz as a result of the coupling capacitance kr(x)dx (fig. 11) will always 
have travelled the constant distance I. We thus get 


I 


U jwWZ : , 
O (w) = 2 ILL2 —(e+jbl i ke(x)dx (3253) 
ER 

0 


from which is derived the r.m.s. value of the crosstalk factor 


WZ — 
[2 (w)]? ÄR 2 —20l få (3.2.4) 
This formula is well known and holds good for a purely sinusoidal voltage. 
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Uo(fe ura(t) 
dx ZA 2 Th 2 

Xx 11173 
Fig. 12. Equivalent diagram for far-end crosstalk from circuit 1 to circuit 2. 


As appears from eq. 3.2.3, the voltage Urs is independent of x except with respect to the 
varying coupling capacitance ke(x) along the cable. Since, according to the definition, ka 
is the r.m.s. of the total coupling capacitance for the entire length I, use can be made of the 
equivalent current diagram shown in Fig. 12. From this we immediately see (disregarding 
the constant delay time £, = I/v which is common to all pulses): 


oo — LolZ gir 
Vuja(p) = 22 lp) pVkhulp) (3.2.5) 
(Z./2) + (1/0 VER) 
1.e. 
Va D = VR AO) ora (3.2.6) 


The crosstalk voltage TV ufo (ft) is accordingly a time function which varies in proportion 
to the derivative of the pulse transmitted from S,. The system must be designed for a suffi- 
ciently large signal-to-noise ratio even at the highest existing crosstalk voltage: 


d 
Up = max (uf lt) ) > [Fre] G2N 


Volts I 


0.3 TER 


KS 


Xx 11174 
Fig. 13. Trapezoidal pulse and cosine-squared pulse. 
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It is seen that an ideal square pulse causes infinitely great crosstalk. This is of no importance, 
however, since such a pulse cannot be realized in practice. We instead calculate Ug for the 


pulse shapes shown in Fig. 13. 


a) Trapezoidal pulse 


(Detur for 0£E1tE0.05us 
g 


ult)=Um for 0.05 £ 10.55 us 


etc. etc: 
which, inserted in eg. 3.2.7, yields 
Dö dj De 
UGC (3.2.8) 
2 lg 
This gives the signal-to-noise ratio 
Up OA 20 0 
=10 (3.2.9) 


= = ee === 
net Upp Z2Nkå” 


b) cos?-pulse 


= Mi, 
TEN I 
which, inserted in eq. 3.2.7, yields 
För nl Oka ue 
Up SN pa ER= 2 
ESA (3.2.10) 


This gives the signal-to-noise ratio 
Ba = Wigh ae 
nefg Upo Z3 Vka I 


2 80 


GA PTERISA 


Thermal Noise 


The r.m.s. value of the thermal noise voltage at the input of the regenerative repeater is 
given by 
en = V4kTRFAf = 25 uN (4.1) 
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where 


4KkT=1.65 x 10-29 joules (T =300? Kelvin) 
R,=Z=1500Q 


Fis the noise figure of the input stage, which is a transistor in common base coupling. 
F is under all circumstances below 20 db so long as the transistor is not broken. 


Af is the bandwidth, which according to the "Standards of PCM-Telemetry” has been 
set equal to 1.5 x pulse repetition frequency, so Åf = 2.4 Mc/s. 


The received peak signal voltage is given by 


Ur Ufem DL 4005V (4.2) 
where 
«x = 4.0 neper/km at 1.5 Mc/s and I has been tentatively set equal to 1.8 km. Inserting 


this value in (4.2) gives U,, = 5/1,400 V. 


From this we calculate the signal-to-noise ratio for the case when only thermal noise is 
present: 


Ur UR RUeA 


Nete en  VAkTRFÅf 


CIRA BAT BIRAES 


Conclusions 


5.1 Summary of Noise Sources 


In the following summary of the different noise components we shall investigate how the 
signal-to-noise ratio depends on the length of the repeater section, with the wire diameter 
and the pulse configuration as parameters. 


SIE PMINnoiser (CET ed. 2. rand 22:10) 


00 


ar 
Uppm = > ZiÉ I ye = Ky Um for square pulse (GS 
n 


n=1 


oo 


; Ö CD 1 z 2 
RE SUR E= Ko Uf TOrICOSt=PUlSer (SIL:2 
UppMm n? (1 = 4n?)? 1c Pp ) 
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The PPM is thus proportional to the received pulse amplitude and independent of the 
length I of the circuit, but dependent on the pulse shape (K;r and K,.). As was stated on 
page 223, an equivalent phase displacement of 70” results in a lowering of the noise margin 
by 2 db. From eq. 3.1.15 it is seen that the signal-to-noise ratio on the receiver input U,, 
nere Must be 12 — 21 db. Root-sum-square addition of the various noise components gives 


VN = Neff = Ven är UPpPM äv US > Ufa (5.113) 


To compensate for the 2 db reduction in the noise margin, the signal-to-noise ratio must 
be increased correspondingly, thus 


VE SG 
10 10819 23 db i.e. — = 14 (5.1.4) 


5.1.2 Near-end crosstalk (cf. eq. 3.1.18—20) 


: Z VE 
Un = (=) kn IF R2Uj = Koff. (I) UJ for square pulse (SUS) 
2 vZzo ES 3 3 2 2 
US TA kn IF RU = Ko fa (IN) UJ for cos?-pulse (SEG) 


The near-end crosstalk level is proportional to the amplitude of the transmitted pulse 
and is also dependent on the length of the circuit (£,(1)) and of the pulse shape (Kor and 
Koac). However, it is to be noted that its dependency on length is rather slight — an increase 
of 2 db for increase of I from 230 to 500 m. From there on the crosstalk level is nearly 
constant. 


SUSSI EärsendCrosstalki(CEed Si 8Standis2i0) 


ZON = 
Ur = 5 å Vka iår KaffalVi) Um for square pulse (SIE 
g 
Lo LA fi Ds Fn 
UR Bg ka Um = KzcSÄ(VI) Um for cos?-pulse (SAS) 


The far-end crosstalk is proportional to the amplitude of the received pulse and is dependent 


on the length of the circuit £,(V 1) and on the pulse shape (Ksr and Kz.). 
5.1.4 Thermal noise (cf. eq. 4.1) 
en = 4kTRFÅf (TA) 


The thermal noise is constant insofar as it is dependent only on the characteristics of the 
receiver. 
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5.2. Conclusions 


If we look first at Figs. 14 and 15, which are noise level diagrams for square pulses through 
0.4 mm and 0.6 mm cables, it is immediately apparent that the PPM and far-end crosstalk, 
which contribute almost equally to the total noise, each take up practically the entire 
noise margin. The consequence is that, if a square pulse is transmitted on the circuit, the 
circuit will be usable only over distances of less than 500 metres even under conditions of 
reduced quality of transmission. 


If we now consider the longer sections of cable with I > 1 km (Figs. 16 and 17), we must 
be quite clear on two points: 


1. Irrespective of the shape of the pulse at the time of transmission, the circuit, in conse- 
quence of its low pass filter characteristics (Fig. 7), tends to remove all sharp corners 
from the pulse with the result that the pulse becomes little different from a cos?-pulse. 


2. One cannot make use of this circumstance and transmit square pulses unless certain 
precautions are taken, since the heavy far-end crosstalk, consequent on the differentiation 
of the pulse shape (eq. 3.2.7), has taken up a considerable portion of the margin after 
only a few hundred metres. The PPM noise is of no significance. It does not arise until 
triggering takes place and is therefore dependent exclusively on the pulse shape at the 
input of the regenerative repeater. 


The diagrams in Figs. 16 and 17 are intended to describe primarily the signal-to-noise 
ratio on distances above 1 kilometre. Only such curves are included, therefore, as describe 
cos”-pulses. The intersection between the maximum permissible noise level and the largest 
of the noise components gives the maximum permissible repeater spacing. Fig. 16 is a noise 
level diagram for 0.4 mm cable. Wire of this small dimension is used mainly for subscriber”s 
cable and hardly occurs in trunk cable. To complete the picture, however, curves are shown 
for 0.4 mm subscribers and trunk cable. But the coupling capacitance of the subscriber”s 
cable is 3.4 times that of the trunk cable, i.e. the crosstalk attenuation (eq. 3.1.21) in the 
subscriber's cable must be expected to be 10—11 db below that in the trunk cable. It is 
now seen that, in the subscriber's cable, the maximum permissible repeater spacing will 
be determined by the far-end and near-end crosstalk jointly, but in the trunk cable practi- 
cally by the near-end crosstalk alone. The same applies to 0.6 mm trunk cable (Fig. 17). 


In the two cases concerning trunk cables there are components from the PPM noise and 
from the far-end crosstalk, both of which are about 10 db (—1/3) below the near-end cross- 
talk at the points of intersection under consideration, which, inserted in eg. 5.1.3, give 


VN =V1+01/9) + (1/9) Ua 


The noise margin is thereby reduced by 1 db. Even if this reduction as such cannot be 
disregarded, yet, as appears from the diagrams, it can be compensated for by reducing the 
maximum permissible repeater spacing by only 100 metres. 
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Fig. 14. Noise level diagram: 0.4 mm cable. Square pulse 
2 trapezoidal pulse. 
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Fig. 15. Noise level diagram: 0.6 mm cable. Square pulse 
2 trapezoidal pulse. 
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Fig. 17. Noise level diagram: 0.6 mm cable. cos?-pulse. 
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If two cables run in parallel over any section, each serving one direction of transmission, 
the near-end crosstalk disappears. Figs. 16 and 17 then show that the maximum permissible 
repeater spacing is governed virtually by the thermal noise, and that the maximum allowable 
distance can be increased from 1.7 to 2.2, and from 3 to 4 km, for the two dimensions of 
cable. 

Finally, it may be pointed out that, if the same cable carries both directions of traffic, 
the thermal noise is of no significance. 


APPENDIX 


We assume that we have a whole suite of infinite time series u'(£),.., u'(D),...... 
TN (PD) RER ERA Each time series can be written under the form 


sin (BART AD) 


ul (0) = Um(n) 


z (RT) 


To start with, we disregard the fact that u”(7) represents a varying signal and, instead, 
assume that there is only one pulse, the kth: 


EA (AD) 


We investigate this signal at time z = 0 and introduce the approximations used in 2.2.8, 
so obtaining 


de 


i 
Ux (0 = Um (A.3) 


In relation to the time series, ÅR fela is a varying magnitude which follows a certain distri- 
; N 
bution p(A; /T), and consequently 


Up ka (Ci 
p (2) = ep (4) 


k Ed 


This gives the following r.m.s. value for the noise voltage generated from the kth pulse, 
taken over all time series: 


nose = lim ( 2 (ur )”pluk))" =4S (wp lur) duk)? (A.4) 
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Assuming a gaussian distribution of the relative time deviation with an r.m.s. value 
co = A/T, we get 


EG 
LENE SE AN 


— 


SRS (RTR ARS 
KR AITV2xJ NT 2 (AITEJENT 


0 


(A.5) 


Eg. A.S indicates the noise power from the &kth pulse at time 1= 0. We may also say that, 
from the infinitely many time series with varying A/T in the kth pulse position, we have 
formed a mean time series in which the noise component njefcomes from the &kth pulse. On 
the assumption of the validity of the ergodic property, we can then determine the total 
noise from an arbitrary time series within the suite. We also assume an equally great pro- 
bability for "1” as for "0”. The noise power is then 


; 2 U? = AN? ere (£) 
RRERRS (LR [CE SAS på fen A.6 
"et = Ä|TVän = SÅ ( 7) 2 [ "3 am LEN 


It can be shown that 


Rå dr A Gå 
fe KG Na (A.7) 


We set 
: and AST (A.8) 
FA NIE : 
2208 20A1/T) 
and get 
[00] 5 1 Poa 
1 1 2 
= fre [sa] er — 2 Z 00 NE (A.9) 
oV2z RE 
I 202 V 202 
Therefore 
o9 
URNTAN AVES 
eff = ÖNILTA = Um PR A.10 
na" (a) VlT) 6 (10) 
n=1 
The signal-to-noise ratio at time r=0 is then 
T V6 
SIE SA (A.11) 
Nett Uv 4z AT 
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6—006819 


This result is seen to be in full conformity with that for eq. 5.10 if we set A/T=11185 
It must be pointed out, however, that the expression A.6 has a greater general validity than 
the value for når in eq. 5.9. Therefore we need no longer assume that Å,/T<1. For, if this 
is not the case, 


sr = 
RE a fläse R ed salen 
ER a UR FOTS 


00 00 (A.12) 
SÅ S Ar 

1 a SIN” IT T 1 TN ä ÅA, 

Da a RET da je 2 (A/T) dj 


The first term can be suitably calculated by means of numerical integration. An analytical 


expression exists for the subsequent sum, since the integral 


[OS] 


fe? sinxdx 
00 


can be solved analytically. 
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This article gives information on some problems which arise in time divi- 
sion multiplex transmission systems with resonant transfer in connection with 
additional highway tuning. 
Two examples of signal injection in a two-wire and four-wire system are 
worked out. Finally some methods for generating suitable sinusoidal or 
composite signals are described. 
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General Considerations 


For a better understanding of the problems associated with the injection of signals, 
such as ringing tone, busy tone or signals for tone ringing, into the common high- 
way of a time division multiplex transmission system used for switching purposes in 
an electronic telephone exchange, it is advisable to give a brief summary of the devel- 
opment of transmission networks employing resonant transfer. 5 2>>3 


The fundamental network is shown in Fig. I. Each subscriber circuit consists essentially 
of a low-pass filter having a terminating condenser working as a store. This condenser may 
be charged or discharged in the interval between two transmission pulses. On the con- 
densers C, which are parts of the low-pass filters, a charge is produced which is propor- 
tional to the subscriber speech voltage. During the time T of a channel pulse, when two 
electronic subscriber contacts are closed simultaneously, the charges stored in the con- 
densers C change place, provided that the pulse circuit between the subscribers has been 
tuned, by means of an inductance L, to a resonant frequency corresponding to 2 T. This 
gives the tuning condition: 


T=XVYL-C 


For the sake of simplicity we shall henceforth confine our study to the pulse part of the 
system, which lies between the dotted lines of Fig. I. 


With a large number of subscribers in such a system, stray capacitances in the contacts 
and in the common transmission medium pose certain problems. In order to eliminate them, 
a second tuning of the transmission system is introduced.> + By means of this "highway tun- 
ing”, the stray capacitance of the transmission medium is artificially augmented to a 


ValuekCiore= as shown in Fig. Ia, where n is an integer. With such a design the 
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4 nn? —1 
voltage on the highway at the beginning and end of the transmission pulse is theoretically 
zero and no energy is wasted. The highway tuning formula can be proved by the follow- 


ing reasoning: The voltages on the condensers C in fig. Ia immediately before the 


xX 11179 


Fig. 1. Basic bidirectional transmission PAM network with '"resonant transfer”. 
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Fig. 1a. Highway tuning. 


transmission pulse can be regarded as the sum of symmetrical and non-symmetrical 
components, i.e. 
V, —— Ka är Vv; 


Ko=Va- Vv; 


The transmission process can be regarded as a superposition of the two cases 
V.=0 and V5=0, In the first case, for reasons of symmetry, the voltage on the 
highway capacitance will be zero during the pulse, whereas the two charges will 
change places. In this case, therefore, the highway capacitance will not be notice- 
able. For 7V,=0, on the other hand, the current through the two contacts will be 
equal in magnitude and opposed in direction, so that the circuit may be conceived 
of as consisting of two symmetrical halves, each containing half the total highway 
capacitance. The current through the total highway capacitance during the pulse pe- 
riod will bé 2V,/wL -sin wt and the voltage swing across the highway capacitance, 
due to the fact that it starts at zero, has the form 4A-:-(1 — cos wr). 


If we want the highway capacitance to be discharged again just at the breaking 
föstant ot tne contacts f=AX, CoS WT Must be 1, and this is the case if the frequency 


Zz 
of the oscillation is f£ = which is an even multiple of the frequency in the 
Z 


resonant transfer circuit. In order to obtain an even multiple the resulting capac- 


CC EN : 
itance in each half resonant circuit must be än This is the case if half the total 
n 


highway capacitance is tuned to a value of ERS 

The highway tuning and resonant transfer principles were discovered in different 
laboratories at about the same time. The first detailed destription was given by 
K. W. CATTERMOLE?. 


However, the capacitive highway tuning poses some new problems, which have to be 
solved if signal injection is to be established. This is because we wish the voltage on the 
highway tuning capacitance to be zero at the end of a transmission pulse even when signal 
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injection is in progress. According to the formula above, the maximum permissible highway 

26 ; SMEG ; j 
capacitance is Cior = Så (n = 1). However, we are at liberty to distribute this capaci- 
tance in a roughly arbitrary manner along the transmission path. 


Signal Injection in 2-wire Systems 


As an example, Fig. 2 shows a transmission system which has four highways and thus 
contains three inter-highway contacts and two subscriber contacts in series. The tuning 
capacitances are distributed symmetrically with respect to the middle highway contact. 


In this example, we can now study the problem of signal injection. As the system allows 
bidirectional transmission, the transmission path must, for signal injection, be broken 
by inhibiting one or several of the inter-highway contacts. The transmission path for signal 
injection will thus be shorter, which implies that the effective higbway tuning capacitance 
would be too low. But we are now able to use the second solution of the tuning formula 


5 ; NS 210 : ; 
given above, that is, using » = 2. This gives us the value 5 for the effective highway 


tuning capacitance. This condition defines the point at which signal injection should take 
place. In the case under consideration it must take place directly on the subscriber highway, 
or at point A in Fig. 2. Thereafter the values of the B-highway capacitances, which are 
given both by the symmetry conditions of the transmission system and by the known sum 


2G C 
3 for all highway capacitances, will be 3 as shown in Fig. 2. 


For this case we have assumed that the elements of the signal injection circuit are the 
same as those for the subscriber pulse circuit. However, as the signal injector has to operate 
on a multiplex basis in an arbitrary number of pulse positions, a second pulse contact is nec- 
essary for charging the signal injector condenser, instead of the usual low-pass filter. This 
""charging contact” works in the intervals between the time slots, usually with a smaller pulse 
width 7", either before or after the time-channel carrying the signal. Because of the bidirec- 


Signal injection Signal injection 
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Xx 11181 
Fig. 2. Transmission over 4 highways with distributed highway tuning. 
F2C RC 26 
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Fig. 3. Signal injection circuit for the bidirectional system 
in: Fig. 2. 


tional transmission properties the following may now occur. The condenser C, of the 
signal circuit in Fig. 3 may be charged not only from the signal generator over the charging 
contact S., but also backwards” over the transmission path by a subscriber speech pulse. 
If it is not possible to eliminate this charge component during the interval between channels, 
crosstalk between subscribers connected to the same signal injector in different pulse posi- 


S 


tions will ensue. This crosstalk, expressed in nepers, is equal to —, i.e. the ratio between 
T 


the time constant of the charging circuit and the duration of the charging or discharging 
procedure. To eliminate this crosstalk, it would be necessary to reduce the time constant 
of the charging circuit to zero, which is hardly possible. However, we can adopt the stra- 
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Fig. 4. Charging of a capacitor via RC-circuit (1), critically 
damped resonant circuit (2) and undercritically damped (L.=2L.,) 


resonant circuit (3). 
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tagem of tuning the charging circuit with the aid of a series inductance so as to form an 
undercritically damped resonant circuit. With such a circuit the voltage on the condenser 
passes the externally applied voltage after a certain time given by the circuit constants and 
independent of residual charges which may be present on the condenser at the start of the 
charging procedure. If the charging contact is broken at this instant, the condenser will be 
charged completely and the influence of an inversely transmitted speech pulse is eliminated. 


For purposes of comparison, Fig. 4 shows three different condenser charging functions 
with the same series resistance in the charging circuit. Curve 1 shows the pure RC charging 


function. Curve 2 shows the charging function in the case of critical damping with an in- 
RIE Se 
ductance of L, = Ler = Er in series. Curve 3, finally, shows an undercritically damped 


charging function with a series inductance equal to twice the value in the critical case: 


RC 
JE ne 2Lor rd 


j SR, RE å t 
The voltage Vy, externally applied to the circuit, is reached at the instant ROT 


For the mathematical treatment of the problem we can start from the equation for the 
damped oscillating circuit. 


h=Vi= Me" (cosot+ 2 sinar) (1) 
(40) 

2 and ocV I 3 
Pil, = MJ E LR 


Vy is the applied voltage and V, the condenser voltage at the time rs. Let us consider the 
time 7T' for the first zero interception, where Vy — V; = 0. The condition for this is: 


where «= 


prak , 
COSWT +—:Sin WT =0 (2) 
(60) 
and we finally obtain: 
7 — arc tg — 
vs 3 
5 G) 


We introduce a new variable —a— as the ratio of the inductance in the undercritically 
to that in the critically damped case: 


ik (4) 
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Fig. 5. Charging time tT" as a function of a. 
; RC . 22 — 20 
With TE we obtain ANG -1 and RÖRA 
Equation (3) then assumes the form 
Rae AA 
FS ( aeleva =) (5) 


:Va-1 


T / ? 
C as a function of a. The function has a 


In Fig. 5 this equation is shown in the form R 


minimum at a = 2.55, i.e. with R and C constant in the charging circuit the fastest possible 
charging would take place using a series inductance equal to 2.55 times the inductance 
in the critical case. However, this case is not usable in practice, as the angle of intersection 
between the charging function and VV, is too great, which would demand a charging contact 
with very good time precision. A measure of the angle of intersection is given by the current 
flowing in the circuit at the moment of breaking. In the inductance this current represents 
magnetic energy which must be destroyed before the next charging cycle starts, so as to 
avoid a new source of crosstalk on this account. This destruction takes place in the form of a 


2 


0.05 


a 


1.2 1.4 1.6 1,8 2.0 2.2 


Xx 11185 
Fig. 6. R, L. and £L, as function of a. 


high-frequency oscillation, the frequency of which is given by the circuit stray capacitances. 
The peak amplitude of this oscillation must not exceed the permissible back-bias of the 
charging contact. 


For the choice of a more advantageous design of the charging circuit we shall, for a given 
time T', study the variation of the resistance R and of the series inductance L, as functions 
of a. For R we obtain, after inverting eq. 5: 


T 2-Va-l 
jake V (0 
CEO (x — arc tg Va —1) 
and for L,, keeping in mind the relationship between L, and R, 
ara RES GHT a-—1 0) 
ä ä C a(zx —-arc tg Va —1)” 
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The two functions are shown in Fig. 6. Also, the current I, at the moment of breaking 
= T' is shown in the same figure as a function of a. The equation is: 


Le (EG Are tg Va-1) 
Va-1 (8) 
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As we have already seen, large values of a would be unsuitable for the design, since the 
current at the instant of breaking is large and a considerable degree of time precision would 
be necessary for the charging contact. However, the current function inflects sharply in 
the region 1.1< a< 1.15. For a = 1.1 the current is almost negligible and the demands 
on time precision will be small. On the other hand, for values of a below 1.1 the circuit 
again becomes difficult to design because of the increasing resistance tolerance difficulties. 
The best compromise has therefore been found to exist for values of a between 1.1 and 1.2. 


The charging contact is operated from a special pulse generator in the interval between 
channel time slots and under the additional condition that the injector contact has been 
operated in the preceding time slot as already mentioned. This additional condition may be 
fulfilled in many ways by means of a memory circuit as shown schematically in Fig. 3. 


Signal Injection in 4-wire Systems 


In 4-wire systems a simpler signal injection procedure may be used, provided that a 
separating amplifier is built in between the low-pass filter and the receiving subscriber. Since 
the transmission is unidirectional, no crosstalk problems of the kind mentioned above can 
arise. 


It would seem natural to accomplish the signal injection in a form in which the func- 
tions of charging contact and injector contact are combined into one contact, closing 
synchronously with the subscriber contact, and in which the highway condenser takes 
over, in part, the function of the charging condenser. We shall study the problem in an 
example involving a system with two highways. We presume that the highway capacitance is 
distributed equally on both highways and that the inter-highway contact is inhibited when 
signal injection is taking place. We can therefore confine our study to the receiving highway, 
and we then obtain a circuit diagram as shown in Fig. 7. To the right of the highway lie, 
as usual, the subscriber circuit with the subscriber contact S;, the pulse circuit with induct- 
ance L and capacitance C, the low-pass filter, in this case with resistive termination, and the 
terminating amplifier. To the left of the highway lies the injector contact S;, which connects 
the signal source to the highway over an inductance L', which we shall specifically study 


later on. 
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Fig. 7. Signal injection circuit for a unidirectional system. 


For this circuit the following conditions are required: 


1) The same transmission conditions should pertain for the subscriber circuit as in the 
case of speech transmission, i.e. at the instant / = T, when the subscriber contact breaks, 
the voltage on the subscriber condenser should have reached its maximum, while at the 
same time the current through the subscriber contact should pass zero. 


2) At the time t = T the voltage on the highway condenser should be a minimum at or near 


Zero. 


3) The current through the injector contact should be a minimum at or near zero when 
this contact breaks at the time t = 7". 


The mathematical treatment of the problem is extremely difficult. By means of deductive 
reasoning, however, we shall reach the goal faster. We know that condition 1 is fulfilled if a 


voltage function, symmetrical with respect to 7 is impressed on the highway, i.e. the input 
of the subscriber circuit. An example of such a function is the previously mentioned voltage 
: : 2n 
swing with the form A (1 — cos wr) which for w = assumes the form ÅA, - ( -— 2n 2) 
T T 


Thus, we must find a pulse forming circuit that produces one of these functions under 
the given circumstances. This pulse generator must possess a small internal impedance so 
that the voltage function is not disturbed too much by the connected subscriber circuit. 
However, because of the limited permissible loading of the injector contact, this imped- 
ance cannot be chosen arbitrarily small. In our example the factor a will therefore 


hardly be greater than 2. If, across the given highway condenser of = we wish to pro- 


. (ö . Å . . . 
duce the function 1 — cos 47 : 7 the inductance L' — disregarding the influence of the sub- 


seriber circuit—must be chosen according to the equation below: 


r=4a (LS = VIC (9) 
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For L' we obtain the value 


RS 
L=— 

16 

If, synchronously, the subscriber circuit is now connected to the highway over its contact 
SS. the voltage function on the highway will be altered in frequency and damped, so that 
the minima are no longer zero, since the subscriber circuit draws energy from the highway. 
The result of this will be a residual charge on the highway, which implies a distor- 
tion of the voltage function. 


However, we can correct the function by quite simple means. This is done by breaking 
the injector contact earlier than the subscriber contact. The residual charge on the highway 
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Fig. 8. Significant waveforms concerning the circuit according to fig. 7. 
1. Voltage on C/3 
2. Current through S; 
3. Voltage on C 
4, Current through SS. 
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condenser can then be drawn off during the residual time by the charging procedure in the 
subscriber circuit, which is still not completed. Thus, so to speak, the subscriber circuit 
itself corrects the voltage function which it has originally distorted. In order to reduce the 
current through the injector contact to a minimum at the breaking moment of this contact, 
the calculated value of L' must also be corrected. The optimal design of the injector circuit 
was tried out experimentally on a model circuit, in which a short circuit was substituted for 
the subscriber contact and a DC voltage source was used as signal source. By varying 
the inductance L” and the pulse time T', while observing voltages and currents in subseriber 
and injector circuits at the relevant times, the correction could be trimmed in a simple 


manner. 
Fig. 8 shows the oscillograms for this experiment. 


We see that the highway voltage (curve 1) is almost zero at the time £ = 7. The breaking 
moment of the injector contact, as may be seen from the discontinuity of curve 2 (current), 


a 47 ; : se 
lies at z = ”R As we have specified, the current through the injector contact is a minimum 


near zero at this instant. Curve 3 shows the voltage on the subscriber condenser and curve 4 
the current in the subscriber circuit. As specified, the voltage has a maximum at the time 
t = T, while the current has a zero intercept. 


The curves shown are valid for a design of the injector circuit where 


L ; 4 


De 
6:Z 


For this case the voltage maximum on the subscriber condenser is 1.8 times the voltage 
applied on the injector circuit. 


Signal Generators 


Signal generators common to the whole exchange and suitable for the injection processes 
mentioned must. not only have a small low-frequency internal impedance, but also a negli- 
gible pulse impedance. Therefore, on the output of the signal generator a large shunt capac- 
itance is necessary. This may suitably take the form of equally distributed capacitors on 
the inputs of all signal injector circuits. The capacitive low-frequency reactive current is 
compensated by a shunt inductance, which is designed as a transformer in order to permit 
adjustment of output level. Fig. 9 shows the output stage of such a signal generator. The 
tuning capacitance is here distributed both to the primary and secondary windings of the 
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Fig. 9. Power stage for a common sine- 
wave signal generator. 


transformer. The power amplification is performed by a single-ended class B push-pull 
stage with two complementary transistors in an emitter follower circuit. 


For signal generators with a higher power level and good efficiency, a circuit according to 
Fig. 10 may be used. 


For the sake of simplicity the transformer in the tuned circuit has been omitted here. As a 
power stage a transistor switch combination is used, which, by periodically switching 
between a positive and a negative voltage, delivers a square wave. If a sine-wave output 
signal is desired, the fundamental frequency of the square-wave is extracted by means of a 
series resonant circuit L,C,, which is tuned to the fundamental frequency. As we know, 
with such a filter system we get two resonance peaks, one above and one below the natural 
frequency of the two circuits. 


The distance between the two peaks depends on the mutual coupling between the two 


; L ES ES 
circuits, given by the ratio between the inductances IE Sj When designing the filter, it is 
ll 2 
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Fig. 10. Signal generator for sinewave or composite signal. 
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therefore necessary to bear in mind that the coupling must not be chosen too loose, so that 
the resonance peaks get too close to the fundamental frequency, which would mean that a 
small change in the square-wave frequency would result in a change in output amplitude. 
On the other hand, with too tight coupling the danger arises that the upper resonance peak 
will be in the neighbourhood of the third harmonic of the square wave. In this case the 


output would no longer be a sine wave. 


This fact, on the other hand, gives us the opportunity to design a signal generator which 
delivers a signal composed of the fundamental frequency and the third harmonic. Such a 
signal may be used to advantage as a dialling tone. 


For the design of a filter of this type the following conditions apply: 


1 
AR NG 


(Li + L3) Ci = Cal = (10) 


i.e. the series resonant circuit consisting of C, and L, + L> and the parallel circuit con- 
sisting of C; and L, must be tuned to the same resonant frequency fy, which lies somewhere 
between the fundamental frequency and the third harmonic of the square-wave. fy is given 
by the condition for the two resonant frequencies of the filter 


SAN OC: 
1 


By dividing 7 we can determine (/ = and we obtain: 
2 


LÅ 


TR - 
C2 jå + 03 
For our case, where f, = 3/41, we obtain: 
GIN 
VG 5 120 


Inserting 12a into 11 we obtain for fy: 


j 
AB 
RANE = =1.34.4, 
VS 
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For a tonality of 425 c/s the circuits should thus be tuned to a natural frequency of 1.34 - 
:425 = 570 c/s. The ratio between the amplitudes of fundamental frequency and third 
harmonic is 3 : I in accordance with the spectral distribution in the square wave. If a stronger 
emphasis on the third harmonic is desired, this can be simply accomplished by placing ÅA 
somewhat higher than the fundamental frequency of the square wave. Thus the funda- 
mental frequency lies on the slope of the filter curve and is more attenuated. 


The calculations for the 2-frequency filter are valid for undamped resonant circuits. 
The error introduced through the connected external load is, however, negligible, as ex- 
perience has shown. In order to achieve an almost constant output level for variable loads, 
the series circuit must also be damped. This is preferably done by means of a resistance 
connected in parallel with the condenser C;. The damping of the series circuit should be 
about the same as that of the parallel circuit for an average load. 
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